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T elecommuting is now possible for
just about anyone, thanks to Data
Race’s Be There! Personal

Multiplexer. This new product allows
you to avoid the expense and hassle of
traditional telecommuting systems,
which usually involve installing and
maintaining ISDN lines into employ-

ees’ homes. In fact, a single standard
analog phone line is all Be There!
needs to compress and multiplex voice,
fax, and data.

The product’s analog capability not
only saves money, it provides unprece-
dented flexibility. Specifically, it lets
employees access the corporate net-
work not just from home, but from any-
where. If an employee can find a phone
— on the road, in a hotel, wherever —
he or she can be at work.

Be There! not only connects to your
corporate LAN, it also connects to your
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Test Drive
Be There!

Data Race, Inc.
12400 Network Boulevard
San Antonio, TX 78249
Ph: 210-263-2000; Fx: 210-263-2075
E-Mail: mktgsales@datarace.com
Web Site: www.datarace.com

Price

Chassis Capacity 

Power Consumption 

Weight

Dimensions 

BT-400 

$8,000 (analog)

4 card slots for
Personal Multiplexer
card; 1 slot for net-
work interface card 

60 Watts 

24 lb (8.96 kg)

L: 16.75 in. (42.55 cm)
W: 16.75 in. (42.55 cm)
H: 6.5 in. (16.51 cm)

BT-800

$15,200 (analog)

8 slots for Personal
Multiplexer cards; 1
slot for network 
interface card 

190 Watts 

43.5 lb (16.24 kg)

L: 26.0 in. (66.04 cm)
W: 19 in. (48.26 cm)
H: 7 in. (17.8 cm)

BT-1600 

$28,800 (analog)

16 slots for Personal
Multiplexer cards; 1
slot for network 
interface cards 

200 Watts 

46 lb (17.17 kg)

L: 26.0 in. (66.04 cm)
W: 19 in. (48.26 cm)
H: 7 in. (17.8 cm)

BT-2420 

$39,600 (analog/T1)

24 slots for Personal
Multiplexer cards; 1
slot for network 
interface cards

Not available

Not available

Not available
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RATINGS (1-5)

Installation: 4.40

Documentation: 4.95

Features: 4.80

GUI: 4.75 

Security: 4.95
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corporate PBX via an interface similar to
your office phone (Figure 1). The LAN
connection lets telecommuters and road
warriors have access to their corporate e-
mail accounts. In addition, users at any
remote location can use powerful PBX
features exactly as if they were in the
office, without the additional expense of
multiple dedicated phone lines. 

When customers or co-workers call
your office number, your phone rings
instantly. When you get e-mail, it shows
up in your mailbox. And all of this is
done over a single analog phone line.

When telecommuters and road war-
riors run Be There! on their remote
computers (laptop or desktop), they are
connected to the corporate voice and
data network, which is actually operat-
ing within the company’s firewalls. Be
There! lets employees take advantage of
all corporate network capabilities with-
out compromising network security.

INSTALLATION
We will discuss the server installa-

tion as well as the desktop client and
the laptop client installations. For the

desktop, we needed to install an ISA
board; for the laptop, a PCMCIA card.

Server Installation
Our four-port server arrived with

Windows NT 4.0 server software already
installed. However, we did have to con-
figure a few items (Figure 2), including
user accounts, TCP/IP settings, as well as
trust relationships that gave the Data
Race server access to our LAN.

Aided by the user-friendly Windows
NT GUI, we defined PBX number and
type, and viewed run-time information
on cards connected to the server
(Figure 3). Overall, setup time for the
server was about 10 minutes. 

Laptop Client Installation
Installation got a little hairy when it

came time to install one of Data Race’s
PCMCIA cards. Windows 95 automati-
cally detected a modem and installed a
generic driver without asking us if we
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FFiigguurree  22.. Be There!:
Administration program on the
server, which lets you add users
and set permissions, extensions,
PBX types, etc.

FFiigguurree  33.. Be There!: Card property
screen, where you can define the
PBX number, PBX type, and allows
you to view runtime info on cards
connected to the server.

FFiigguurree  11.. Be There!: Main graphical user interface, where you
can access such features as dialing, call control, and speed
dialing. You can also check the status of the phone line.
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wished to use a vendor driver diskette.
Unfortunately, Windows 95 added the
wrong device to the System folder. 

Apparently, the System Soft socket
software on our Toshiba laptop was
causing the problem. The System Soft
software detected the new PCMCIA
card, generated its own .INF file, and
added a generic modem. 

We encountered a similar problem
when adding a Motorola combo
modem/network card to a Toshiba lap-
top. We got around this problem by
removing the card, deleting the .INF
file, removing the System Soft software
temporarily, and re-inserting the PCM-
CIA card. A similar solution was 
recommended by a Data Race techni-
cian, but only after he did a little detec-
t i v e  w o r k .  H e  w e n t  i n t o  t h e
C:\Windows\INF directory and did a
“DIR/OD” to sort the directory by date.
He saw a file with the current date and
removed it. At this point, we re-inserted
the Data Race PCMCIA card. Windows
95 Plug & Play detected the card and
(properly) asked for the driver diskette.

The rest of the 
installation went
smoothly.

Overall, we hit
only one snag 
in this installa-
tion, but it did
waste some time.
Overall, installing
the card took
about 45 minutes.
Not exactly “Plug
& Play.” We can’t
fault Data Race,
however. Surely,

the fault lies in the System Soft wizard
software, which tried to help, but which
instead proved a hindrance. (See Tom
Keating’s CC: column in this issue for
more about Plug & Play.) 

Desktop Client Installation
The ISA board is not Plug & Play

compliant. (Not necessarily a bad
thing!) To install the ISA board, we
chose an IRQ, added a COM port,
accessed the driver disk (to load a spe-
cial driver for this COM port), and
manually added the Be There!
Multiplexer modem in the modem con-
trol panel applet. We connected this
modem to the COM port we added. At
this point, we had to reboot. We then
installed the Data Race software appli-
cation. We encountered no glitches. 

The ISA board installation, including
desktop software, got a 4.50 rating. We
gave the server installation a 5.0 rating.
We gave the laptop client installation a
3.90 rating, which would have been
lower, only we took into account Data
Race’s comments that the problems we

encountered were atypical. (Data Race
did tell us, however, that they’ve had
some strange installations with other
Toshiba laptops.)

In any case, we gave a little more
weight to the client installations (since
these are more frequent) and arrived at
an overall installation rating of 4.40.
This rating could be higher if future
installation instructions include warn-
ings about disabling any third-party
PCMCIA card detection or socket soft-
ware, as well as suggestions for
workarounds. By the way, Data Race
provides installation services.

DOCUMENTATION
Documentation consisted of a Quick

Start sheet, a server administrator’s
manual, and a desktop/notebook user’s
manual. The documentation was well
organized and included step-by-step
installation instructions. Both of the
main manuals were well illustrated
with sceenshots. Overall, the documen-
tation earned a 4.90 rating.

FEATURES
Overall, we gave the feature set a

very good 4.80 rating, which could be
even better with line/port detection for
use on non-RACF PBXs. (We’ll dis-
cuss this later.)

Client Features
Be There! can replace your standard

modem without sacrificing any features.
In the non-DSVD mode, the Personal
Multiplexer becomes a standard data fax
modem with telephone answering capa-
bility. For data communication, it is a
V.34bis modem at 33.6 Kbps with sup-
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FFiigguurree  44.. Be There!: Phone application options, which
include popup and ringing options and bubble help.

FFiigguurree  55.. Be There!: Data exchange export feature,
along with a listing of some of the supported PIMs.
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port for CCITT Group 3 and EIA 578
Class 1 fax communication.

Two different client models are avail-
able: the desktop and the notebook.
Using either client model, the user can:

• Place and receive local and long-
distance telephone calls using the com-
pany PBX or Centrex/Plexar resources
as though they were actually in the
office. 

• Access the corporate LAN as
though the remote Desktop or
Notebook were directly connected to
the corporate LAN. 

• Forward the home phone to an
office telephone and thereafter receive
personal calls while telecommuting. 

• Access a full range of corporate
office telephony features (do not dis-
turb, call conference, call hold, call
transfer, call waiting, hands-free use,
mute, redial, speed dial by name and
number).

• Choose among several notification
methods for incoming and outgoing
calls. For example, Be There! can pop
up the phone application window
and/or play a .WAV file through the
computer speakers on an incoming call
(Figure 4).

• Load records from popular contact
management software, such as Act! and
Lotus Organizer (Figure 5). 

Server Features
• Extend the PBX dial plan to wher-

ever the remote user is located, thus
preserving and enhancing the large cor-
porate investment represented by the
corporate voice network. 

• Keep track of user connections to
the server (via the product’s monitoring
program).

• Give telecommuters and road war-
riors access to corporate voice mail sys-
tems (since server provides voice with
PBX features).

• Work inside the corporation’s fire-
wall for all corporate communication
networks, just as if the remote workers
were physically in the office. 

• Route voice calls and faxes over the
corporate PBX or Centrex service and
WATS lines for maximum savings and
security. 

• Eliminate billing issues and extend
all call management features to the
remote users. 

• Enable client-to-LAN connections
to corporate enterprise networks (via
support for a wide range of LAN proto-

cols, including multi-protocol bridging
and routing). 

• Institute remote node functionality
and support for remote control. 

• Manage each server or groups of
servers from the LAN network. 

Security
• Security via a per-telecommuter

hardware ID (unique, DES-encrypted).
Also, there is radius support. 

• Each client Personal Multiplexer
includes a hardware-based, 48-bit,
DES-encrypted ID which is used by the
server for authentication. 

• The RAS connection is password
protected. Additional passwords
required by MIS are used to allow the
data connection. 

• The Be There! server is compliant
with Radius security arrangements and
supports Security Dynamics SecureID.

Circle No. 142 on Reader Service Card



OPERATIONAL TESTING
How does it work? After you have

been authenticated on the Be There!
network and pass any network access
passwords setup by MIS, your office
telephone is automatically forwarded to
the Be There! Personal Multiplexer
server. All incoming calls to your office
phone ring on your Personal
Multiplexer client, wherever you are.
When you are placing a call, the dial
tone you hear is your PBX or Centrex
dial tone. You can place a call just like
you were in the office, whether entering
a three- or four-digit number to reach a
co-worker, or a “9” to access an outside
line. (Some users may enter a “9” for
local number access, and an “8” to
access long-distance through a PBX.) If
you cannot answer an incoming call (or
choose to ignore it), the incoming call

will still go to your corporate voice
mailbox. 

With Be There!, you can take or
place calls while accessing your remote
corporate network. You can talk to one
person, send an e-mail or fax to anoth-
er person, and surf the Internet. And
everything is accomplished simultane-
ously and seamlessly. 

The voice channel requires 8.5 Kbps,
and the fax is user-selectable at 9.6
Kbps or 14.4 Kbps. However, the 8.5
Kbps is required only when you are on
the telephone. Phone bandwidth is
dynamically reallocated in real-time
after your call is completed. The same
is true with fax bandwidth.

Getting RACF
We couldn’t find anything in the

Comdial documentation on how we

could use our switch to accomplish
Remote Access To Call Forwarding
(RACF). So, we called Comdial’s tech-
nical support, and were told that the
DXP switch doesn’t have RACF built-
in. Bad news. Still, we love our DXP,
which impressed us from the first with
its digital and CTI capabilities. It may
be that Comdial RACF-disabled the
DXP as a security measure. 

In the past, people were able to take
advantage of RACF capabilities (also
called “call following”) to remotely
dial into the switch and charge thou-
sands of dollars worth of phone calls to
the company. In response, many PBX
manufacturers either turned off the
RACF functionality, REM’ed out the
source code for the RACF functionali-
ty, or left the code in there but left the
RACF potential undocumented. 
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S ince our switch, like many
switches, doesn’t support RACF

(a form of call following), we came
up with a workaround. It’s not the
cleanest setup, but it worked for us. 

If one of our employees is going
to be on the road, he knows to manu-
ally forward his phone to one of the
four port extensions. In general, for
all employees, the call should be for-
warded to one central phone number
or extension (260 in our case). If 260
is busy, you can setup your Class Of
Service (COS) to automatically for-
ward the call to the next port (262).
If 262 is still busy, you continue to
forward to the last two ports on the
four-port system, which were exten-
sions 264 and 266 in our setup. 

Notice how we chose even port
numbers. The odd port numbers we
setup as 261, 263, 265, and 267,
which are “+1” with respect to the
even numbered ports, 260, 262, 264,
and 266. Basically, the even exten-
sions are the Line inputs, and the
odd extensions are the Phone inputs.
This setup simplified client setups,
debugging, and dialup connections. 

If your COS doesn’t support mul-
tiple call forwarding, you can also
just create individual dial-up network

connections on the client side to con-
nect to the four different Line ports.
Then, you just try each phone num-
ber until you find one that isn’t busy. 

But here we encounter a disadvan-
tage: You won’t know which exten-
sion to forward your phone to when
you leave the office, since it could
be 260, 262, 264, or 266. In this sce-
nario, you would need to call each
port and determine which port is
free on the Data Race server. Once
you determine that, you would then
need to call the office and have
someone forward your phone to the
Data Race extension you are hooked
into — plus add 1 to that extension. 

For example, if you were dialed
into extension 260, the person in the
office would forward your phone to
261. If you are dialed into 262, your
phone should be forwarded to 263,
and so forth. (As you can see, using
contiguous numbers extension ports
makes it easy to determine which
extension to forward your extension
to.) If somebody calls your extension
and you are not connected to the
Data Race server, the call will still be
forwarded to the Data Race server.
After a few rings, the auto-attendant
(voice mail system) will detect an

RACF Workaround RNA (ring-no-answer) and transfer
the call to your voice mail. If we are
online (connected to extension 260),
then we can obviously answer the
call, which connects 260 and 261. 

In our test setup, we used direct
extensions which were dialed after
our auto-attendant answered. Using
predefined extensions was necessary
so we could know which extension
to forward our personal extension to.
However, in most cases, a direct dial
800 number with a hunt group
would be more appropriate. The hunt
group, along with RACF, would take
care of busy ports by forwarding to
the next available port on the Data
Race server.

Although the hunt group method
is more intuitive and easier to use,
our method of assigning predefined
extensions has its uses. For exam-
ple, you might have a switch inca-
pable of enabling and disabling call
forwarding using the RACF feature
set. (Indeed, our scenario is applica-
ble only in those instances where
RACF is unavailable on the switch.)
If we had RACF on our Comdial
DXP switch, we wouldn’t have
bothered having someone manually
forward our extension to a free port
on the Data Race server. The RACF
features would have taken care of
this for us automatically. ■
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In our opinion, RACF restrictions
are a nuisance. We think the cus-
tomers should be free to decide
whether the switch should be RACF-
enabled. Furthermore, we believe that
the advances in security, encryption,
and call accounting software and
hardware have made RACF restric-
tions a non-issue. 

Anyway, that’s what we told
Comdial. We hope the switches they
release in the future will be RACF-
enabled. And we’re working with them
to see about enabling RACF on our
own switch.

However, for the purpose of our
work with Be There!, we had to bypass
our DXP’s restriction on RACF. What
we did was manually forward a station
(149) to extension 261, which we con-
nected to one of the Data Race server
modem ports (Phone input). A second
extension, 260, was hooked up to the
Line input on the same modem card. 

Extension 260 was the port we actu-
ally dialed into when connecting to the
Data Race server. Then, when an
incoming call came into extension 149,
the call was forwarded to extension
261. The Data Race server picked up
the line and “joined” the call (on 261)
with extension 260, the port that we
were remotely logged onto over the
PSTN. 

At this point, we had a setup that
worked, albeit in a limited way. Not
content with a one-port solution, we
took our workaround a little further, to
take advantage of the four-port system
Data Race had sent us.

In a 4-port system setup, you have
several options. We decided to hook
up four extensions to the Phone
inputs in each card and four exten-
sions to the Line inputs. Each card on
the server contains one Line port, and
one corresponding Phone port. For
more details, see the sidebar entitled
RACF Workaround.

Testing RACF
With RACF, when you log onto the

server, the server sends DTMF digits
to the switch telling it which extension
(your own personal extension) to for-
ward, and what the forwarded exten-
sion is (port on the server you are
logged onto). For instance, on a Nortel
61C switch, the DTMF digits to per-
form RACF are “61,%2,%1,%3,1.”
The %1, %2, and %3 are parameters
which include the extension to be for-
warded, the extension to be forwarded
to, and the personal ID (password).
When you log off the Data Race serv-
er, the server automatically un-for-
wards your extension with the DTMF
digits “62,%2,%1,1.” (See Figure 6

and note the PIN.) With RACF’s abil-
ity to turn on call forwarding when
you are logged on, and turn it off when
you are logged off, the caller is
assured of reaching either you or your
voice mail box. 

Data Race provided a live demon-
stration of this RACF functionality,
and its ability to automatically forward
and un-forward a personal extension.
(As previously mentioned, Data Race
came to our office, and we saw first
hand how they were able to take calls
while on the road.) In their setup, they
dialed just one number to connect to
their Data Race server in Texas. The
technician’s personal extension was
then automatically forwarded (using
DTMF digits) to the next available port
on the Data Race server. From this
point, any incoming calls to the techni-
cian’s extension in Texas were auto-
matically forwarded to our office in
Connecticut! In fact, the technician
handled a couple of important phone
calls while in our office. This product
is truly remarkable. 

Call Log And Addr ess Book
We liked being able to enable or dis-

able a “verify prompt” when deleting
records. The call log could be used for
call accounting purposes or just used
for personal records (Figure 7). The

FFiigguurree  66.. Be There!: A listing of some of the
supported PBX types and the corresponding
RACF functionality. Note how the Nortel 61C
and other PBXs require a PIN to activate RACF.

FFiigguurree  77.. Be There!: Call
log, with time and date
stamps, duration, etc.
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address book was good (Figure 8);
however, we preferred using our own
PIM and address book. Data Race does
integrate with other PIMs for dialing,
which is a nice feature. 

Call Forwarding
If your home phone line supports call

forwarding, you can be on the one home
line connected to the office Data Race
server and you will still receive person-
al phone calls to your home phone num-
ber. If you do not take the calls, they
will go to your corporate voice mail.

All you have to do is call forward the
phone number to your office direct num-
ber. (This is assuming you have DID in
your office, because you cannot tell your
home phone to forward to an extension.)
Let’s say, for the sake of illustration,
you’re in our state. Here, to call forward,
you enter “72#” followed by the phone
number you wish to forward to. In this
scenario, you could enter “72#” fol-
lowed by “18005555555.” However,
you cannot program the central office to
use pauses in the forwarded number,
preceded by an extension number. 

Administration
We found the Be There! server easy to

use. For example, maintenance and secu-
rity administration were simple. User
accounts with passwords were easy to
add or remove. 

The Be There! server and PBX inter-
face is a standard analog telephone line
with class-marked features, just like the
office line, even though it may be a dig-
ital line. If the PBX administrator does
not want to allow dial 9 access for long-
distance or dial 8 for local access, sim-
ply ensure that this particular feature is
not class-marked on the PBX/server
interface line. If the PBX administrator
provides dial 8 for local access, the
telecommuter can still make long-dis-
tance calls using a telephone credit card.

Remember that the Be There! server
resides behind the PBX, with its Call
Detail Recording (CDR) and Station
Message Detail Recording (SMDR) fea-
tures. All actions taken on the PBX/serv-
er interface line can be logged and mon-
itored by the PBX. The Be There! Server
also maintains it’s own call record data-
base. Billing and call log reconciliation
can be done just as it is currently being
done, providing a detailed view usage of
all the Be There! lines and who used any
particular line at any time.

ROOM FOR IMPROVEMENT
Having a jumper-less, Plug & Play,

ISA board would be nice. On second
thought, considering the trouble we had
with the Plug & Play PCMCIA card,
make that just a jumper-less card.

Switching between the different pro-
gram interfaces (phone, call log, data
exchange, and address book interface)
required that you click on the Tools
menu, and then click on the desired
interface. Two clicks. We’d rather have
single-click icons on the toolbar to
switch between the phone, call log, data
exchange, and address book interfaces. 

Similarly, within the Call Log inter-
face, we would like to have icons for
switching between viewing incoming,
outgoing, or all calls. This would be
easier than having to click on the View
menu and then clicking on incoming,
outgoing, or all calls.  

We noticed, when speed dialing and
then entering DTMF digits, that the
“focus” of the cursor sometimes default-
ed to the Names field. When this hap-
pens, any digits pressed do not get sent
over the phone line, since the system
thinks you are trying to add a new name
to the phone book. We had to move the
mouse cursor to the Numbers field to be
able to transmit DTMF digits. 

This was a bit of a nuisance. A couple
times we dialed our own IVR and it
asked for a password. When we typed
the password, it was typed in the Names
field instead of the Numbers field, and it

was not sent down the phone line. The
IVR prompt timed out, we got a hang
up, and we had to redial. To avoid this
inconvenience, we’d like some sort of
option to make the GUI default to the
Numbers field during dialing. This way,
digits would be properly transmitted. 

We’d like to see some caller ID func-
tionality in the next version, which Data
Race told us they are working on, as
well as some other CTI functionality.
Also, call screening would be nice. If
the system had this feature, we would,
when receiving a call, be able to click
on an icon which would pick up the line
and play a .WAV file to ask the caller
“Who are you?” After playing the
.WAV file and recording the person’s
name, the system could put the caller on
hold, and play back the caller’s name to
you via your multimedia PC. 

CONCLUSION
Be There! is an excellent product,

which just about every corporation
could use. For example, many corpora-
tions could use it to implement a
telecommuting option for their employ-
ees, thereby competing with corpora-
tions that already offer telecommuting
as a corporate benefit. Telecommuting
can also serve as a productivity and
morale booster. 

With Be There!, you have complete
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real-time access to e-mail, the Internet, and
your company’s entire data and voice
communications networks. Also, anything
you can do using the office phone system,
you can do with the Personal Multiplexer.
And, wherever you happen to be, you can
use call transfer, conference calls, do not
disturb, and other features. More impor-
tant, when someone calls your office
phone, the call is automatically and trans-
parently routed to your home or remote
location. Security and call accounting fea-
tures were more than adequate.

Several PBX manufacturers are
working on creating similar solutions
to Data Race’s Be There! Multiplexer.
But why wait? The product is here now.
It works great. And it is reasonably
priced, considering the return on
investment possibilities. 

Incidentally, one of our technology edi-
tors forgot to take home the floppy disk
that contained this review, which he had
planned to finish over the weekend. All he
had to do was log onto the Data Race serv-
er, access his computer, and retrieve the
Word file. He completed about four hours
of work, which would have been left
undone until Monday if he had been
unable to access our corporate LAN. 

Of course, a standalone RAS server
could serve the same purpose, but did
we mention that while he was logged
on, he also made some phone calls on a
Saturday afternoon which were charged
to the company? They were business
calls … or so he says! 

But seriously, you can certainly see
great applications for this product. All
of us at CTI Labs were extremely
impressed with this product and we
would highly recommend it to anyone
interested in a telecommuting solution.

V oiceNet, a TAPI application that
runs on Windows 95, allows you
to bridge PBX systems and key

systems to the Internet. Designed to
work with TAPI voice modems, such as

the Creative Labs PhoneBlaster,
VoiceNet allows you to use existing
business telephone systems to make
and receive full-duplex phone calls
over TCP/IP networks.

The VoiceNet system is basically a
gateway. Gateway products allow busi-
nesses to use the Internet as a long-dis-
tance replacement for the traditional
Public Switched Telephone Network
(PSTN). The VoiceNet System con-
nects to a business’s conventional tele-
phone system, but routes long-distance
calls over the Internet instead of the
PSTN, bypassing the long-distance car-
riers (Figure 9).

Thus, the rationale for the product is
that it combines the convenience of
phone calling with the tremendous cost
savings of voice communication over
the Internet. (As we know, the cost of
using the Internet is, in most cases, a
flat monthly fee. Thus, Internet calls
are not priced according to distance and
duration, as are traditional long-dis-
tance phone calls.) 

The concept is quite simple. First you
dial the VoiceNet System from any
phone. Then, an interactive voice
response (IVR) system prompts you to
enter the number you wish to dial. Your
call travels over the Internet to a second
VoiceNet System, and from there to
your call destination. If you have the
phones at either end connected to their
respective VoiceNet systems via a
PBX, your only cost is your Internet
connection. 

Of course, the system on the other
end will incur any costs associated with
connecting to a phone number which is
routed through its PBX system. For
instance, suppose you have two corpo-
rate offices, one in New York, the other
in Los Angeles, and that each has a

VoiceNet system. If you connect the
two systems over the Internet to com-
plete an office to office call, the charge
is zero, excepting the cost of the
Internet connection. 

Now, if you dial a number which is
routed through the Los Angeles gate-
way to, say, San Francisco, the remote
VoiceNet system in Los Angeles would
incur the cost of dialing San Francisco
through the PSTN. (We’re assuming
the remote site lets you dial outside
lines, which it needn’t do, depending
on which of VoiceNet’s security fea-
tures are activated.) Regardless, you
may still save your company money,
depending on whether it is cheaper to
dial San Francisco from Los Angeles
than it is from New York. Rates will
vary by region. And some intrastate
rates are higher than interstate rates!

INSTALLATION
We had a fairly easy installation, and

encountered only one problem: We had
difficulty getting the voice portion of
the Creative Labs driver to install on
our Windows 95 machine. The instruc-
tions didn’t mention that we needed to
install the voice driver off of the CD-
ROM to enable voice functionality on

VoiceNet System
Queste, Inc.
12831 Lindley Drive
Raleigh, NC 27614
Ph: 919-518-8416
E-Mail: questesales@queste-inc.com
Web Site: www.queste-inc.com

RATINGS (1-5)

Installation: 4.90

Documentation: 3.90

Features: 4.25

GUI: 3.95 
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FFiigguurree  99.. VoiceNet: Routing
long-distance calls over the
Internet.



this modem/sound card.
We could have avoided this driver

problem had Queste included some
troubleshooting tips for installing the
PhoneBlaster, or at least some general
information about installing voice-
enabled modems. Of course, we realize
our problem wasn’t the fault of the
Queste product, but we suppose prob-
lems of the sort will be common during
VoiceNet installations. Thus, Queste
might consider providing information
to help users overcome such problems.

But … no matter. We got the driver to
work, and the rest of the installation
easy enough to qualify for a 4.90 rating.

DOCUMENTATION
We received documentation for ver-

sion 1.0. This documentation, which
was in beta form, contained a good
table of contents, but no index. (The
documentation was small enough that
an index may be unnecessary.)
Installation instructions very brief, and
there were no screenshots in the manu-
al. All told, we gave the documentation
a 3.90 rating.

FEATURES
The Basics:VoiceNet enables real-

time, two-way, full duplex conversa-
tions; uses GSM compression to give
12-kbps/s throughput; and can change
packet size to decrease “pops” or

breakups in voice communication.
Routing Options: You can use

VoiceNet’s routing algorithms to send
your call to the best available system

CT I L ABS

Queste makes a larger version of
VoiceNet. This larger version,

called Internet Telephony Server
(ITS), is a 24-line system that
routes traditional voice traffic from
the PSTN network over the Internet
and company Intranets. (By tradi-
tional, we mean that ITS lets cus-
tomers use ordinary telephones.)
The ITS is a turnkey system that
operates on the Windows NT oper-
ating platform.

With ITS, you can place a call
over the Internet as easily as you
would place a normal phone call.
You simply pick up your phone,
dial a telephone number, and
talk. The number is automatically
routed over the Internet to its
destination. 

Eventually, ITS will be able to
transparently route traffic over
Intranets, the Internet, or the pub-
lic network, as dictated by the site
administrator. If the Internet is

congested, the telephony server
could rely on the public network to
complete the call. Voice quality
will not suffer. ■

Queste�s Internet Telephony Server

Internet Telephony Server:
Automatically routing calls
over the Internet.
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FFiigguurree  1100.. VoiceNet: GUI display
for an Internet telephony call.
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depending upon user-defined criteria
for call destination. (For more informa-
t i o n ,  s e e  t h e  s i d e b a r  e n t i t l e d
DOSA/DISA Options.) In addition, net-
work monitoring alerts you to points of
failure on the telephone network and
the Internet, and may also provide
alternate routing to the PSTN when the
Internet is congested.

Ease Of Use:VoiceNet’s IVR appli-
cation serves as the interface between
the PSTN/PBX and the Internet. The
product also lets you use speed dialing
for frequently dialed numbers. 

Call Restrictions: Access to the
System Network can be restricted to
unauthorized incoming or outgoing
callers, specific extensions, or to users
without a valid Personal Identification
Number. System administrators can
also restrict calls to certain area codes
and limit the hours of operation for
each system server.

System Monitor ing And Cal l
Tracking: Administrators can monitor
the system and track call status in real-
time using an intuitive graphical user’s
interface, which provides a range of
information, including the date, time,
and duration of a call, the call’s source
and destination, and the call originator’s
name. Log files allow administrators to
accurately track usage for billing.

OPERATIONAL TESTING
In our tests, we didn’t integrate with

our Comdial switch, since at the time
all of our analog ports were either being
used or upgraded. Instead, we tested the
product by using standard analog lines.
The functionality is the same, except
we didn’t dial through a switch. 

We loaded the VoiceNet software
onto a Windows 95 machine that con-
tained a Creative Labs PhoneBlaster
33.6k card, a voice-enabled full duplex
modem with sound capability. Then,
we were ready to dial into this machine.
Our call went over the Internet to a
Queste representative, and we were
able to use a regular phone, as opposed
to a computer microphone.

Making The Call
First you dial into the VoiceNet

machine. After the machine picks up, a
greeting says “Please enter the phone
number you wish to reach or a speed
dial followed by the star key.” After you
enter the phone number, the computer
compares the phone number against its

routing table and decides whether to
dial over the Internet or the PSTN. 

The Call Itself
The VoiceNet GUI shows the call

duration, the number called, as well as
the person you are talking to if you have
programmed in a name (Figure 10). 

We were quite impressed with the
sound quality, which was excellent.
The compression algorithm used is
GSM, and attains a 12 kbits/s through-
put. The only problem with the sound
quality was that there was an echo of
our own voice in the handset receiver.
This is due to the fact that the Creative
Labs PhoneBlaster doesn’t have echo
cancellation capabilities. 

Hardwar e
Unlike competing Internet telephony

products, VoiceNet uses off-the-shelf
TAPI voice modems, and can be added
to existing Windows workstations. No
expensive proprietary telephony cards
or dedicated servers are needed, mean-
ing that users can Internet-enable their

phone systems for a few hundred dol-
lars per site.

Since our PhoneBlaster didn’t have
echo cancellation, we wondered if we
could use the new MediaPhonics
PhoneRider 33.6 board, which claims
to have echo cancellation (and is
reviewed in this issue). We had no luck,
however. We asked Queste about the
MediaPhonics board, and they respond-
ed as follows:

You will not be able to test with the

TS DESIGN
2/C

System
Requirements
•Processor: Pentium 133 MHz
•Memory: 16 Meg
•Operating System: Windows 95
•Interface: TAPI full-duplex WAVE
(Of course, you also need an Internet
connection.) ■

Circle No. 159 on Reader Service Card



MediaPhonics card without some
setup changes. Our software current-
ly looks for a PhoneBlaster, since it is
the only hardware we have verified.
You cannot try another card without
creating a VoiceNet.ini file which
tells the software to look for a differ-
ent driver.

However, we have already tried the
MediaPhonics card and have not yet
gotten it to work. We have submitted a
list of questions to them to resolve the
problems, and we should hear back
soon. The difficulty that we had was in
opening both the wave in and wave out
simultaneously, which is necessary for
full duplex operation.

Queste also told us that they are try-
ing to get the VoiceNet software to
work with both Quicknet’s Internet
PhoneJack (also reviewed in this issue)
and the MediaPhonics board.

Centrex
At first, all we got was an “unable to

route” error message. We enabled the
PBX functionality in the PBX settings
screen, which adds a “9” prefix. Since
our Centrex requires a “9” prefix, we
decided to enable the PBX functionali-
ty in the PBX settings screen, which
adds a “9” prefix. It still didn’t work. 

We then decided to disable the PBX
functionality, since we weren’t really
using a PBX, and instead added a “9”
prefix to the number in the “forward to
extension/number” box. That worked.
First, a call came into our VoiceNet sys-
tem from Queste. The call was then
routed by the VoiceNet system to anoth-
er phone number. (Our PhoneBlaster
dialed a phone number in our office.)
We answered the phone and could now
talk to the person at Queste. We were
actually having an Internet telephony
call using an ordinary telephone which,
until that call, was entirely innocent of
the Internet. The routing and communi-
cation was that transparent. 

ROOM FOR IMPROVEMENT
We noticed a bug when we entered a

dash in a phone number. We removed
the dash and then hit Enter (since the
OK button was the default selected but-
ton). However, the dash remained.
Apparently we accomplished a
“Cancel” and not an “OK,” even
though the OK button had the “focus.”
This was a bit of a nuisance. Anytime
we changed a field and hit Enter, we
lost our changes. We were forced to
click on the OK button with the mouse. 

Another minor nuisance was that the
Tab key didn’t function properly. It
skipped to a field other than the one we
expected, which is to say, it didn’t go in
top-down order. So, we had to resort to
the mouse to switch between fields. It’s
possible VoiceNet was programmed in
Visual Basic. If so, the tab index needs
to be corrected (an easy fix). 

As previously mentioned, the
VoiceNet system uses GSM compres-
sion, which has trouble with DTMF dig-
its. We’d certainly like to see DTMF
compatibility in the next release. (Queste
informed us that they are aware of this
issue and are working on a fix to allow
DTMF digits. We’ll keep you posted.)

CONCLUSION
We were impressed with the prod-

uct’s ability to provide actual business

applications using Internet telephony.
The sound quality was excellent.
However, there were a few delays and
drop-offs when the Internet was con-
gested. Of course, such problems are
found in all Internet telephony prod-
ucts. Increasing the packet size setting
in the software should reduce the drop-
off problem, although it will increase
the latency. 

Queste’s Internet telephony server
allows users to replace expensive
interoffice leased lines. Users can also
institute toll-free international calling
between offices. Internet Service
Providers (ISPs) can use the product to
offer inexpensive telephony service,
and thus set themselves up as an alter-
native to the traditional phone carriers. 

VoiceNet retails for $395 for a sin-
gle-line version. Enhanced versions,
which provide such features as direct
inward dialing and direct outward dial-
ing to the public telephone network, are
also available. A multi-line version
supporting two to four simultaneous
calls is also available. 

Internet telephony doesn’t have to
make you feel like you’re back in the
1920s, but it usually does. That is, if

you’ve used Internet telephony, you’ve
probable found yourself using a micro-
phone and a pair of speakers attached to
the sound board in your PC, an arrange-
ment so reminiscent of an old-fash-

CT I L ABS

ADOSA (Direct Outward Station
Access) number allows you to

dial phone numbers that are external
to the far end PBX. The route table
defines how the VoiceNet system
routes calls.

Local DOSA calls are simply sent
to the site that matched the area
code of the number that is dialed.
Long-distance DOSA calls are rout-
ed to the sites that are defined in
your site list. The area code of the
long-distance DOSA is compared to
the area codes in the site list to
determine which site to which the
call should be routed. To control
what area codes are allowed on
incoming long-distance DOSA
calls, you just enter the area code
that can be dialed from the local site
and associate it with the site
Unknown. (According to Queste,
there will be a software enhance-
ment to better handle this feature in
a future software release.)

With DISA (Direct Inward
Station Access) numbers, you can
dial any extension on the PBX at
the destination site. This provides
access to anyone at the destination
site without having to use the opera-
tor or auto attendant. ■

DOSA/DISA Options
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Internet PhoneLink
Telepoint USA
14711 NE 29th Place, 
Suite 103
Bellevue, WA 98007
Ph: 206-867-5700
E-Mail: tpinfo@telepointusa.com
Web Site: www.telepointusa.com
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ioned phone — the kind with separate
microphone and speaker — that you
may feel tempted to curse the newfan-
gled contraption.

Of course, some Internet telephony
setups let you use a headset, which is
usually connected to the sound board.
Now, with a headset, conversations are
private, and the sound is clean. But you
may feel uncomfortable being tethered
to your computer. You may start to
wonder, as we have, why you can’t use
the good old handset to talk on the
Internet. You may even start to wonder
why you can’t use the same handset for
both Internet and regular POTS calls,
switching back and forth at will.

Well, you can. And one product that
brings the traditional handset to
Internet telephony is Telepoint USA’s
Internet PhoneLink, which provides a
connection to a POTS phone jack to let
you make or receive regular calls. 

INSTALLATION
Before we installed the Internet

PhoneLink, we made sure that all the
necessary elements were in place. We
used a Pentium 120 PC with 24 Mbytes
RAM and Sound Blaster 16 sound card.
We also installed Internet telephony
software, namely, Internet Telephone
by VocalTec.

Before we connected the Internet
PhoneLink device, we tested the func-
tionality of our setup by establishing an
Internet call between two PCs. Our
setup worked fine. We then replaced
the microphone and speakers on one
machine with the Internet PhoneLink
device. The installation went smoothly.
We easily made the connections to the
sound card, POTS line, modem, and
telephone set. 

DOCUMENTATION
Internet PhoneLink comes with a

four-page user’s guide covering the
installation and operation of the device.
This brief guide, which includes an
installation diagram, is sufficiently
detailed for moderately experienced
users. If all the system elements are in
place, the installation procedure is quite
simple. No software installation is
required.

The user’s guide provides hardly
enough information for the novice user,
however. We would have liked to see
some background information on
Internet calling, available services, or

how to get set up on Internet telephony.
Also, a list of Internet telephone service
providers and software products for the
first-time or inexperienced user would
be valuable. 

FEATURES
The Internet PhoneLink replaces the

usual microphone and speakers with a
traditional telephone set. In addition, it
provides automatic switching between
Internet telephone and automatic tele-
phone service. The product also has
volume controls for incoming and out-
going signals.

OPERATIONAL TESTING
The first thing we did was to pick up

the handset of the analog phone to
check for the POTS connection. To be
sure, we had a dial tone. The Internet
PhoneLink does not need to be pow-
ered to provide the analog connection,
but it needs it to achieve the switching
function. 

Next, we connected to our ISP
through the modem. We noticed the
telephone set was no longer on the ana-
log service and it was being fed from
the sound card. We confirmed this by
playing a sound (that is, a .WAV file)
on the PC and hearing the sound on the
handset speaker. 

We then launched VocalTec’s
Internet Phone and placed a call from
our PC to another. After adjusting the
speaker and microphone gains, we
made contact. The voice quality was
good (as good as the Internet would
permit), and we had no trouble with our
conversation. After we were done with
our test, we disconnected from the
Internet, and the telephone set was back
in the analog mode.

ROOM FOR IMPROVEMENT
As we mentioned before, the Internet

PhoneLink replaces the microphone
and speakers with a telephone handset.
While this feature may be desirable for
Internet phone calls, it may be unsuit-
able if, for example, you want to play a

sound. In most cases, you would still
want to use the microphone and the
speakers with the sound card rather
than a telephone set. Also, the product’s
ability to make Internet phone calls pri-
vate — one of the product’s selling
points — may not be a strong deciding
factor in a home office situation. We
wish that we could retain both types of
devices (telephone set and micro-
phone/speaker set) and have an easy
method to switch from one to another.

The Internet PhoneLink extends the
usage of the POTS telephone set to the
Internet; however, the product requires
an analog modem connection to the
Internet to successfully switch from the
POTS to the sound card. When the
modem goes off-hook, the telephone
set is switched from the analog (POTS)
feed to the sound card. Using another
means of Internet access, such as a cor-
porate network, renders the device
unusable since there will no modem
connections and the telephone set will
always be in analog mode. Many busi-
nesses use a network connection to the
Internet, while others employ schemes
such as modem sharing. Home-based
businesses, however, make good candi-
dates for this device, since most of
them use analog modems to access the
Internet.

Finally, we realize Internet PhoneLink
may require power to effectively switch
between the POTS and the sound card;
however, we wish that this device could
achieve the switch without the power
requirement. As many PC users know,
there are already plenty of devices on
their desks that need to plugged in,
crowding the outlets. It would a blessing

RATINGS (1-5)

Installation: 4.25

Documentation: 3.5

Features: 4

System
Requirements
• 486 PC (or equivalent Mac);

Pentium recommended.
• Half-duplex sound card; full-

duplex recommended.
• 14,400 bps modem; 28,800 bps

recommended.
• Internet telephony software.
• Internet service subscription.
• Standard telephone.
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if one came along that didn’t need 
to be plugged in.

CONCLUSION
If you are a moderate to heavy user

of Internet telephony, and if you use a
modem to connect to the Internet con-
nection, you will find Internet
PhoneLink, which allows you to take
calls on a regular analog phone, a use-
ful piece of equipment. The device is
easy to hook up and requires no soft-
ware installation. You can put it to use
in no time, and it does a fine job of
switching between POTS and the
sound card while delivering good
sound quality. 

D ragonDictate, a speech recognition
system for Windows, Windows
95, and Windows NT, converts the

spoken word to written text. The pro-
gram is designed for both speed and
accuracy. To speed dictation, the prod-
uct relies on Dragon’s QuickTalk tech-
nology, which shortens the pause
required between words. To enhance
accuracy, the program adapts to the way
you talk while you dictate. In addition,
DragonDictate is speaker-independent,
which means you can start using it with

minimal set up and training. 
DragonDictate works by analyzing

your speech in both an “acoustic
model” and a “language model.” The
acoustic model is based on speech sam-
ples collected from thousands of peo-
ple. Sophisticated mathematical algo-
rithms are used to compare your speech
to the appropriate model. The result is
the best acoustic match and a short list
of alternatives. 

The language model is based on the
analysis of how words are used in doc-
uments so DragonDictate can distin-
guish between homonyms such as “to,”
“two,” and “too.” After it applies both
the acoustic model and the language
model, DragonDictate displays the spo-
ken word on the computer screen.

INSTALLATION
We didn’t have the CD-ROM version,

so we ended up installing the diskette
version. We had to install over eight
disks, plus a text-to-speech program and
an upgrade disk. The installation was
uneventful, but it did take a while (30
minutes), mostly because DragonDictate
has such a large dictionary. Since adding
DragonDictate’s word horde enhances
the product’s usability, we didn’t mind
swapping all those disks. We gave the
installation a 4.75 rating.

DOCUMENTATION
The documentation included a manu-

al, online-help, and online tutorials.

The manual was well organized, and all
of its components — table of contents,
individual chapters, index, and trou-
bleshooting appendix — were well
done. The material on setting up and
fine tuning the microphone was partic-
ularly useful.

The tutorials were fun and informa-
tive. They even provided companion-
ship, via an animated dragon (Figure
11) and a disembodied female voice.
(Are we spending too much time with
our computers?) Also, multimedia ani-
mated screen cams show you how to
use important DragonDictate features. 

The female voice demonstrated how
DragonDictate responded to voice
commands, such as, “Bring up Word.
Begin new document. Dictate mode.
Dear John: New Paragraph.” With each
voice command, you can see Microsoft
Word respond by performing the appro-
priate function. The female voice also
intentionally makes mistakes to show
you how easily you can correct your
errors. 

The tutorials also demonstrate
DragonDictate’s adaptability (Figure
12). The more you use the program, the
more it learns. DragonDictate’s tutori-
als are among the best we’ve seen, and
helped earn DragonDictate a 5.0 rating
for documentation.

FEATURES
With DragonDictate, you can:

•Dictate, edit, move, and format text

CT I L ABS

DragonDictate
Dragon Systems, Inc.
320 Nevada Street
Newton, MA 02160
Ph: 617-965-5200; 
Fax: 617-527-0372
E-Mail: info@dragonsys.com
Web Site: www.dragonsys.com

FFiigguurree  1111.. DragonDictate: The
tutorial, complete with visual
aids as well as the voice menu
interface for accessing the pro-
gram�s menus and options.
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and numbers within your application.
•Direct what’s happening on your
screen by uttering voice commands
(for example, you can activate com-
mands, pull down menus, or push
dialog buttons).

•Create voice macros that turn a
word or phrase into a series of com-
mands and boilerplate text that
make the system easier to use.

•Move your mouse pointer to a pre-
cise spot on the screen using Dragon
Systems’ patented voice controller
for your mouse, MouseGrid.

•Load Windows applications by
uttering simple voice commands,
such as, “Bring up Word.”

•Move the cursor by uttering simple
voice commands, such as Page Up,
Page Down, Ctrl-Home, Home,
and End.

•Train DragonDictate to recognize a
word not in its dictionary. If
DragonDictate cannot recognize
your particular speech pattern, you
can train DragonDictate to easily
recognize the word.

•Spel l  out  words by using the 
“military alphabet” (Alpha, Bravo,
Charlie, etc.).

•Store different voice characteristics
in multiple user files.

•Correct words you’ve just spoken to
improve the program’s recognition
accuracy. (DragonDictate stores up
to the last 32 words you’ve spoken.) 

OPERATIONAL TESTING
Number Keypad Commands

Pressing the plus key on the number
keypad toggles DragonDictate on and
off — a great feature, especially if a co-
worker approaches your desk and you
need to quickly turn off dictation mode.
Pressing the minus key on the number
keypad brings up the word history,

which is a quick and handy feature for
making corrections.

Adapting To The User’s Voice
We put DragonDictate through its

paces by having one of our engineers
speak into the microphone. Now, this
engineer has a distinctive way of speak-
ing, so we didn’t envy DragonDictate
its task of recognizing what the engi-
neer was saying. But the test did give
us a chance to see how DragonDictate
is able to handle errors and adapt to a
speaker’s voice.

When an error occurs and you correct
the error, you improve DragonDictate’s
ability to recognize what you are say-
ing. On the other hand, if you do not
correct the errors, DragonDictate’s
speech recognition actually gets worse.

DragonDictate keeps the information
it learns about your pronunciation in
user files, which should be saved. The
files are automatically backed up. Since
the product can maintain multiple user
files, you can have several user files for
different users.

Speed/Accuracy Tradeoffs
DragonDictate claims dictation rates

of 50, 60, 70 (and possibly higher)
words-per-minute. In our testing we
started off with an average of 28 words
per minute. With more tests we were
able to achieve 47 words per minute.
We’re sure it can go higher with prac-
tice and further usage. 

We did notice that when dictating,
the words would take a half a second or
so to be processed and displayed into
an application such as Word. Even with
a pause between words, we found that
DragonDictate would start to lag
behind. We thought maybe our proces-
sor wasn’t fast enough.

We ran a benchmark/process watcher

utility called WINTOP.EXE. This pro-
gram is a Microsoft Kernel Toy, which can
be downloaded from www.microsoft.com/
windows/download/WIN_TOP.EXE.
When we ran this utility, we saw that
DragonDictate was using 35 to 40 
percent of the CPU time. Since we
were dictating a letter, we wanted
DragonDictate to be a little more self-
ish and use more CPU cycles, so both
the accuracy and performance would
improve. 

As luck would have it (or perhaps
thanks to great design by Dragon
Systems), there is a slider bar to adjust
the “Computational Level.” The farther
you slide the bar to the right, the more
CPU cycles are used. When we pushed
the slider bar all the way to the right,
the accuracy greatly improved, but the
lag time between speaking a word and
seeing it displayed on the screen
increased. Wintop showed us that the
CPU usage by DragonDictate jumped
to 81 percent and then stabilized around
80 percent. Apparently, the greater
number of CPU cycles allocated by the
slider bar is used by DragonDictate for
more detailed analysis of the words you
speak, and not to increase the speed at
which the words are displayed on-
screen.

Although this is fine, we would like
to see another slider bar which increas-
es CPU usage for on-screen display
rather than more detailed analysis. We
must admit, however, we have no idea
how impractical this suggestion may be. 

In any event, when we pushed the
slider bar all the way to the left, the
accuracy decreased, but the speed at
which we could say a word and see it
displayed on screen was improved. The
Wintop utility showed that CPU time
allocated with this setting changed from
20 percent to 55 percent during test runs. 

System Requirements
• 16-bit sound card.
• High-quality microphone (included).
• 32 to 42 MB of hard disk space, depending on which
version is purchased.

• 16 to 20 MB of memory, depending on which version
is purchased.

• 486 - 66 Mhz or higher. ■FFiigguurree  1122.. DragonDictate: Tutorial 
explaining the product�s adaptability feature.



We found that keeping the slider bar a
bit to the left of the center was best. We
bumped up the phrase cache, which
improved performance and helped coun-
teract recognition errors due to the “lag

delay.” Figure 13 shows the perfor-
mance settings. Even with the phrase
cache and performance slider bar, we
feel that a faster machine (we used a
Pentium-90) would improve the perfor-
mance of DragonDictate. Nonetheless,
you can still use the product with a slow-
er CPU.

Corr ecting Recognition Errors
You can correct recognition errors as

soon as they happen with the Choice
List (Figure 14), which normally
appears as you dictate. The Choice List
displays words that DragonDictate
thinks you said. You need only say
“Choose 1” or “Choose 2” to select the
correct word. If DragonDictate correct-
ly recognized what you said, you just
go ahead and continue speaking the
next word. If it doesn’t recognize the
word correctly, you do one of the fol-
lowing:

• Choose the correct word if it
appears on the list.

• Type or spell the correct word if it
isn’t on the list.

• Use Spell mode (spell the word let-
ter by letter using your voice).

• Edit a word on the list.
• Reject the word by saying Choose

10 (the “???” choice) or double-

CT I L ABS

Professionals and executives who
use specialized terms in their day-

to-day work can select a DragonPro
module to enhance DragonDictate.
Each module contains 60,000 careful-
ly selected terms, phrases, abbrevia-
tions, and proper names in addition to
the base vocabulary. These modules
contain spelling, pronunciation, and
language usage information to
increase DragonDictate’s accuracy
and speed.

DragonLaw, developed with West
Publishing, reflects case reports,
statutes, contracts, and other legal
documents and opinions. Latin terms
are included. The additional built-in
voice commands speed access to the
popular WESTLAW and LEXIS-
NEXIS online research database.

DragonMed covers the emergency
room, family practice, radiology, and
a wide range of specialties, drawing
on an extensive collection of patient
records, medical reports, journal arti-
cles, and other documents. It incor-
porates the names of thousands of
drugs, diseases, medical procedures,
body parts, psychological terms, and
abbreviations.

DragonEXTRA! is designed for
writers and journalists. It contains a
broad range of contemporary language
from news articles and books. It
includes many place names, company
names, government agencies, popular
expressions, and slang terms that are
unavailable in published dictionaries.

DragonBusiness is optimized for
analysts and executives in business,

insurance, and finance who use a
broad range of specialized terminolo-
gy, including the names of compa-
nies on the NYSE, AMEX, and
NASDAQ. It also includes interna-
tional currencies, investment institu-
tions, and bond ratings.

DragonTech is designed to
streamline the production of techni-
cal documents written by computer
specialists. It incorporates a broad
array of computer terminology
including brand names, networking
terms, industry standards, publica-
tions, common phrases (such as
drag-and-drop), and abbreviations.

DragonXTools gives you visual
controls (uses VBX) which allow
you to quickly add speech capabili-
ties to your custom applications. ■

DragonPro Enhancements For Specialized Needs

RATINGS (1-5)

Installation: 4.75

Documentation: 5.0

GUI: 4.95

Features: 4.95

FFiigguurree  1133.. DragonDictate: The
centralized and user-friendly
options screen.

60 CTITM July 1997 Subscribe FREE online at www.ctimag.com



Subscribe FREE online at www.ctimag.com CTITM July 1997     61

clicking on the last choice.
• Train the word, then add it to the

vocabulary (useful for adding prop-
er names) (Figure 15).

Adding And Training Words
We added a custom macro which

performed the equivalent of holding
the CTRL key and the letter “N.” We
added this to Microsoft Exchange so
we could just say “Control N” to start
a new e-mail message. Of course, we
could have recorded this macro using
the words “Begin New Message,” but
we wanted to be able to copy this
macro to other applications where the
CTRL-N sequence may vary in its
functionality. For instance, CTRL-N

in Word is equivalent to “Begin New
Document.” The Vocabulary Manager
is shown in Figure 16.

CONCLUSION
At first, speech recognition was little

more than a novelty. Early systems had
small vocabularies and recognized only
simple words. They were, to be blunt,
inaccurate. By now, however, speech
recognition has much improved.
Whereas early systems relied on discrete
recognition, current products, such as
DragonDictate, take advantage of con-
tinuous speech recognition algorithms.

DragonDictate offers several advan-
tages over other voice recognition
packages we’ve seen. For example,
DragonDictate has one consistent inter-
face across different applications (some
programs use different modules for
each application); immediately learns
about the speaker to improve accuracy

DragonDictate�s
Multiple Versions 

DragonDictate comes in a vari-
ety of editions to address different
user needs. All versions include an
“active vocabulary” in RAM for
fast access, and a 120,000-word on-
disk backup dictionary.

Power Edition(60,000 words
active) is meant for professionals
whose specialties have unique and
extensive vocabularies. Power
Edition includes text-to-speech
technology that can read your text
back to you.

Classic Edition(30,000 words
active) is meant for professionals
and executives who require a large
vocabulary and work with a variety
of subjects.

Personal Edition(10,000 words
active for English only) is meant for
users who create many documents
on a particular topic.

DragonDictate Singlesare entry-
level dictation packages. Each
works with one leading industry
application, plus Netscape
Navigator, WordPad, and many
Windows accessories. Editions are
available for Microsoft Word,
Microsoft Excel, Corel
WordPerfect, Lotus 1-2-3, and
Lotus Notes with cc:Mail. ■

FFiigguurree  1144.. DragonDictate: The
product in action. Note the
choice list (on the top right),
which lists �is� and �his.� Also,
notice how the voice menu is
easily accessible and displayed
on top of the Word application.

FFiigguurree  1166..  DragonDictate:
Interface for training/adding
words to specific applications,
or to the program�s main vocab-
ulary for use in all applications.

FFiigguurree  1155.. DragonDictate:
Training interface to train new
works or retrain old ones. The
bar on the left indicates how
loudly you are speaking into the
microphone.



while dictating (some products update
speech information after dictation is
complete and the speech files are
closed, or else adapt on correction
only); integrates text-to-speech into its
application (some products simply lack
this feature).

Anyone who uses a computer can
find practical business applications
for DragonDictate, especially those
who prepare several documents each
day. DragonDictate is a superb speech
recognition product, and we highly
recommend it.

MediaMail, an Internet-based uni-
fied messaging solution, pro-
vides a single, central inbox for

messages of all types, including
voice, fax, and e-mail. Furthermore,
with MediaMail ,  you can access 
messages from any telephone, fax
machine, PC, or Web-capable device.
The product integrates with standard
Web servers and is compatible with
major mail standards.

INSTALLATION
We tackled only the client-side instal-

lation, which was easy. For the server
side, we let Telinet do the work. That is,
we had Telinet set up an account on
their server. (That’s the beauty of the
Internet — it doesn’t matter where your
server is located.) All we had to do was
configure our browser. 

MediaMail uses the RealAudio plug-
in to play back voice mail recordings,
as well as a fax plug-in for viewing
faxes. Our computers already had the
“latest and greatest” RealAudio plug-
in, so we didn’t need to worry about
installing that piece of software. Or so
we thought. We ran into some snags
when testing voice mail playback using
Microsoft’s Internet Explorer. (We’ll
discuss this in the Operational Testing

section.) Overall, installation was good,
and we gave it a 4.80 rating.

DOCUMENTATION
The product is simple enough that

documentation is almost unnecessary.
We know, however, that there are
always users who would cringe at the
thought of using a new product with lit-
tle or no documentation to guide them.
So, we took a look at MediaMail’s
online documentation. It was adequate.
However, if you purchase the
MediaMail server, you will have access
to the online help HTML pages, which
you can modify and add to as you deem
necessary. Overall, the documentation
scored a 3.50 rating.

FEATURES
In general, MediaMail simplifies

message access and management. More
specifically, MediaMail:

• Displays information (via your Web
browser) on message type, sender, date
received, time, and message content.

• Provides a single, central inbox for
your voice mail, e-mail, and faxes.

• Allows remote access to all mes-
sage types anywhere there is an Internet
connection.

• Permits retrieval (via text-to-
speech) of e-mail text and fax header
information.

• Automatically forwards e-mail and
faxes to any fax machine.

• Alerts users of important incoming
messages via alphanumeric/numeric
and SMS pager notification.

• Provides folders for organizing
messages.

• Sends e-mail messages to any fax
machine (and takes fax numbers from
any touch-tone phone).

• Uses existing POP3 e-mail clients
such as Exchange, Eudora, Outlook,
and Pronto.

• Supports the following: MIME,
UUENCODE/UUDECODE, POP3,
RealAudio 2.0/3.0, SMTP, HTML
2.0/3.0, SCBus, JavaScript, and IMAP4
(Q2 1997).

MediaMail server software consists
of three distinct components:

• Internet Message Center, which
functions as the Web-based interface to
all incoming message types from one or
more mail servers.

•Media VF, which enables inbound
delivery of voice and fax messages. (It
also provides for faxback, auto faxfor-
ward, and pager notification.)

•MediaCache Software, which pro-
vides consistency and synchronization
between multiple POP3 servers. (It also
provides integration to your existing
voice mail system.)

OPERATIONAL TESTING
ActiveX Problem

We tested MediaMail using two of
the more popular browsers to check
interoperability and compatibility. We

CT I L ABS

MediaMail

Telinet, Inc.
3000 Northwoods Parkway, 
Suite 175
Norcross, GA 30071
Ph: 770-242-0492; Fx: 770-242-0159
E-Mail: info@telinet.com
Web Site: www.mediamail.com

FFiigguurree  1177.. MediaMail: The
ActiveX error we received in
Microsoft Internet Explorer when
we tried to browse a page with
an embedded RealAudio file.
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didn’t encounter any problems with
Netscape’s Navigator, however, we
weren’t so lucky when testing
Microsoft’s Internet Explorer. The
problem involved the RealAudio plug-
in. When we tried to play a voice mail
message stored in RealAudio format, a
dialog box was displayed on the screen
warning us that the ActiveX viewer
was not installed (Figure 17). 

We were under the impression that
this particular machine had the latest
RealAudio ActiveX installed (v3.0),
but we decided to click on Yes and have
the browser install the ActiveX compo-
nents. When the downloading of the

components was finished, we were pre-
sented with a huge RealAudio player
which took up the entire browser
screen! 

The only control that worked was the

volume slider bar. All the other con-
trols, including the Play, Stop, and
Pause buttons were grayed-out and did-
n’t work. We tried installing the
ActiveX component again, but we still
had the same problem. We’ve learned
when all else fails with a certain pro-
gram, it’s best to just uninstall it and
start from scratch.

We uninstalled the RealAudio player
and tried again. We clicked on the voice
mail message, and received another
warning regarding the ActiveX viewer.
Again we clicked on Yes to install the
components. This time we were pre-
sented with the digital signature screen
for ActiveX programs. After accepting
the digital signature certificate, we
were able to play a voice mail message. 

When we tried to play a second voice
mail message, however, we still got the
same “ActiveX viewer not installed.
Do you wish to install the compo-
nents?” This was getting old fast. We
decided to click on No (do not install
components) and uncheck the “Always
check before displaying this type of

TEL.
RESP.
TECH.

2/C

RATINGS (1-5)

Documentation: 3.50

Installation: 4.80

Features: 4.75

GUI: 4.75

Security: 4.25

With MediaMail, you can access messages 
from any telephone, fax machine, PC, or 
Web-capable device. The product integrates

with standard Web servers and is compatible 
with major mail standards.
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dedicated to a fax setup and the other to

a voice phone and answering machine.

THE DIGITAL SMALL OFFICE

In any ISDN setup, a TA is required

to take the analog output of office

equipment and digitize it for high-speed

transmission across the ISDN line com-

ing from the telephone company. This

device, generally called an ISDN

modem, together with a network-termi-

nation device (NT1) to terminate the

ISDN line safely, are the only new

telecommunications equipment normal-

ly required to connect to an ISDN cir-

cuit. If 
the line is dedicated to a single

function or if th
ere is only one person

working in the office, a simple device

with TA and NT1 in a box with a cou-

ple of analog plug-ins for a fax and an

answering machine should suffice. 

But in a group where 5 to 20 or more

people work together (such as in a med-

ical office or the local office of a larger

enterprise), ISDN can provide a wide

range of services when it arrives at a

low-cost switch integrated with the TA

and NT1. It b
ecomes most cost effec-

tive when three BRI lines are connect-

ed to the switch. There are now systems

on the market offered by major U.S.

manufacturers that help small-business

users achieve the kind of speed and

flexibility usually associated with a

corporate headquarters, with its PBX

and mainframe database. With digital

telephone sets on up to sixteen desks,

four fax lines, and four lines dedicated

to computer–data connections, this sort

of system enables powerful, cost-effec-

tive ISDN applications.

By plugging a high-speed ISDN data

line into a computer, the small business

office can implement commonly used

computer-telephony applications, includ-

ing screen pop, where the incoming auto-

matic-number identification (ANI) trig-

gers a database lookup and brings up a

caller’s record during the first ring, and

computer-assisted dial-out.

But when the ISDN modem is cou-

pled with a PBX switch, a new set of

options arrive. Familiar PBX features,

such as call forwarding, conferencing,

camping on, following, and distinctive

ringing are available at every desk that

has one of the system’s digital tele-

phones. Videoconferencing can be

installed and used by anyone.

The key benefits of ISDN for smallSmaller businesses usually opt for

the Basic Rate Interface (BRI) form of

ISDN. A single BRI line has two 64-

kbps bearer (B) channels and a 16-kbps

signaling (D) channel that can transfer

digitized information at speeds up to

128 kbps. An ISDN-equipped small

office provides Internet or Intranet file

transfer that’s 5 to 10 times faster than

the current 28.8-kbps dial-up modem.

What costs might a business

encounter with BRI? A single BRI con-

nection that accommodates two stan-

dard analog telephone lines as well as

the digital link to the Internet is billed

(by Pacific Telephone, for example) at

very little
 more than two standard ana-

log lines. A relatively inexpensive

($300–400) terminal adapter (TA) con-

nects computer and analog lines to the

ISDN line. One phone line is typically

F E A T U R E

ISDN GETS DOWN  TO (SMALL) BUSINESS

I
ncreasingly, small businesses and home-office “solo

entrepreneurs” are turning to ISDN (Integrated Subscriber

Digital Network) to satisfy their office telecommunica-

tions needs without resorting to patchwork systems of

multiple (and incompatible) phones, fax machines, answer-

ing machines, and Internet-access vehicles, and the associat
-

ed tangled mess of cabling and wires. These businesses, in

addition to taking advantage of the obvious speed benefits

of ISDN, are enjoying the benefits of digitally integrated

video, voice, and data. The digitization of voice and video is

contributing to the proliferation of ISDN, and has allowed

ISDN to begin delivering on its promise of unifying data

streams in a hassle-free, cost-efficient environment.

Siemens OfficePoint is an ISDN

BRI NI1 system designed for 2

to 16 lines. Now compatible with

all central office switches in the

metropolitan United States,

OfficePoint connects up to four

ISDN devices, such as PC cards,

network bridges/routers, Group IV

fax machines, and videoconferenc-

ing applications without separate

NT1 adapters. Its automatic band-

width allocation allows a small

office to use instant-connecting dig-

ital voice, high-speed data, and ana-

log applications simultaneously.

Users save on monthly line charges

by reducing the number of central

office lines needed; a flexible num-

bering system allows up to 24 indi-

vidual numbers on one system.

Four analog interfaces in the

OfficePoint system handle Group

III fax machines, answering

machines, and cordless phones. ■ 

A Small Office 

Approach From Siemens

BY VICKI FULLER,

SIEMENS BUSINESS

COMMUNICATION

SYSTEMS, INC.

ISDN GETS DOWN  TO (SMALL) BUSINESS

With the sudden rise of the Internet, how-

ever, and its inherent benefits due to

attractive pricing and integration opportu-

nities, interest in Internet fax transmission

has soared. For CTI developers, the emer-

gence of Internet fax creates opportunities

to exploit an extensive range of emerging

solutions that can slash fax phone bills

and bring new levels of convenience and

power to sending and receiving faxes. 

GETTING REAL ABOUT INTERNET

FAX TIME
In traditional Group 3 (G/3) faxing,

where transmissions travel over public

switched telephone networks (PSTNs),

the sending fax device initiates a phone

call, the telephone company switches

establish a dedicated circuit between

the sending and receiving fax devices,

and then the fax devices initiate a hand-

shaking process to determine transmis-

sion parameters. The fax is sent and,

upon delivery of the last page, the

receiving fax device returns a confir-

F E A T U R E

INTERNET FAX:
Real-World And Real-Time Solutions

BY JOHN TAYLOR, GAMMALINK DIVISION,

DIALOGIC CORPORATION

INTERNET FAX:
Real-World And Real-Time Solutions

F
ax, while traditionally a

form of voice call, has

more recently been han-

dled in a telephone call

mode by CTI application

developers. By taking this

approach, developers have

been able to offer businesses

a series of value-added solu-

tions. Commercialized ser-

vices have included automat-

ed broadcasting, automated

transmission of fax-merge

documents, fax-on-demand,

fax mailboxes, and e-mail-to-

fax gateway transmission. 

productivity and lower costs.
They also recognize that the

definition of “workplace” has
expanded to include just about

any place an employee hap-
pens to be at a given moment.
Wireless communications, which

takes into account both of those busi-

ness realities, unleashes employees

from their desktop phones and comput-

ers and allows them to be productive

while on the move. Wireless tele-

phones, which have been around for

some time, today can handle an enor-

mous variety of voice-based demands

across numerous work environments.

Wireless data communications is com-

ing along rapidly, too, allowing users

with laptop computers to obtain textu-

al/graphic information easily and from

almost any location.Yet most people, regardless of the

industry in which they work, need to

look at screen-based data at the same

time that they’re talking with someone

WIRELESS CTI ANSWERS THE
CALL FOR REAL PRODUCTIVITYBY DAVE MURASHIGE,NORTEL T he advent of wireless communications technology has

enabled companies to make their mobile employees more

productive. The inclusion of computer-telephony integra-

tion (CTI) technology into the wireless offerings available

today allows workers to take that productivity even further. In

today’s fiercely competitive economy, wireless communica-

tions is a strategic necessity in nearly every business.

Managers know that giving employees fast, easy access to

information throughout the workplace translates into greater 

F E A T U R E

TM

THE VOICE OF INTEGRITY 
ON THE INDUSTRY�S FRONTIER
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object.” After we did this, we didn’t see
the error message again.

We had this problem on two differ-
ent machines, each of which was using
MSIE 3.01 with RealAudio 3.0
already installed. Although this bug is
not Telinet’s fault, we’d like to see
them provide a FAQ or troubleshoot-
ing Web site to help solve this
ActiveX problem in Microsoft Internet
Explorer.

Voice Mail
We dialed our personal 800 number

and left a test voice mail message. As
soon as we left the message, we clicked
on the Refresh button on our browser,
and the voice mail message was already
there — not even two seconds later! Of
course, you don’t need to click on
Refresh to update your inbox and check
for new messages. Your inbox will
automatically refresh every five min-
utes, based on programming in the
HTML code. We manually refreshed to
see if their was a delay between leaving
a message and having it appear in our
inbox (Figure 18). 

After you click on a message, it is

displayed inline in the browser. In
Figure 19, you can see the RealAudio
plug-in being displayed inline on the
Netscape browser. A voice mail mes-
sage is being played back.

Fax
When we sent a fax to our 800 num-

ber, the 800 number automatically
detected the incoming fax, and routed it
to a receiving fax board on the
MediaMail server. The fax was then
routed to the MediaMail inbox. Just as
with voice mail, the fax quickly
appeared in the inbox.

E-Mail
We set up our MediaMail account to

retrieve POP3 Internet mail, and one of
our e-mail accounts to retrieve Internet
e-mail. When we sent e-mail to this
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FFiigguurree  1188.. MediaMail: The uni-
versal inbox. The main GUI for
retrieving all message types.

FFiigguurree  1199.. MediaMail: A voice
mail message being played and
displayed �inline� on the browser.
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address, it popped into the MediaMail
inbox. Behold — a true unified mes-
saging solution! We could receive
voice mail, fax, and e-mail to one
inbox.

MediaMail’s support of up to three
POP3 accounts enables MediaMail to
retrieve mail from multiple accounts.
This feature is especially useful if you
have multiple ISPs and e-mail
accounts. For instance, one of our engi-
neers has MSN, Netcom, and
Mindspring e-mail addresses. Using
MediaMail, he can retrieve messages
from all three e-mail accounts into one
inbox. 

To change user settings, you can
visit MediaMail’s centralized set up
screen (Figure 20). Here, you can
change your password, edit your sig-
nature file, configure pager notifica-

tion of MediaMail messages, etc. If
you go into current user settings
(Figure 21), you can set up the POP3
server information, as well as other
custom configurations. You can send
e-mail from within your browser while
taking advantage of MediaMail’s
address book (Figure 22).

ROOM FOR IMPROVEMENT
Better instructions on how to handle

MSIE integration issues would be a
nice improvement. Also, we couldn’t
find our personal 800 number any-
where in our Internet inbox when we
browsed our MediaMail account. If
you lose track of the phone number,
that means placing a call to
MediaMail’s technical support. We’d
like to be able to access the configura-
tion screen and see all our account
information, including our personal
800 number.

FFiigguurree  2200.. MediaMail:
Centralized configuration screen
for modifying user settings.

FFiigguurree  2211.. MediaMail: Some of
the advanced configuration
options, including setting up
POP3 servers and fax forwarding.



CONCLUSION
This is a great product for medium-

sized to large companies looking for a
unified messaging solution. However, this
product is probably a better fit as a value-
added service which could be provided by
ISPs or telcos. System integrators, ISVs,
or VARs can utilize MediaMail to create
custom and vertical market solutions.

MediaMail is an open product that 
uses the latest Internet standards and
plug-ins. Since this product complies
with industry standards, we expect it to
improve as the Internet evolves.
MediaMail’s pricing is determined on a
tiered licensing model based on volume
purchases. Starting at a minimum of 1,000
users, the base price per seat is $69.00.

The battle to make Internet telephony
a widely accepted standard is being
fought on two fronts, the transport

side and the user side. Although the trans-
port portion is still inadequate, thanks to
the Internet’s speed and reliability prob-
lems, the user side is enjoying great
advances, with many new products hit-
ting the market. On the user side, one of
the latest offerings is Internet PhoneJack,
a product that provides a POTS-like
interface to Internet telephony. 

INSTALLATION
We installed Internet PhoneJack,

which comprises an ISA PC card and
associated software, on a Pentium 120
PC with 16 MB RAM running Windows
95. After we installed the card in an ISA
slot, we turned on the PC and were
pleasantly surprised by the Windows 95
Plug & Play subsystem, which correctly
identified the card and asked us to pro-
vide the driver. After we pointed
Windows 95 to PhoneJack’s CD-ROM,
the driver was successfully installed. 

Next, we installed the Internet
PhoneJack’s application software, which
was on the CD-ROM. The PhoneJack
application was installed and a new pro-
gram folder was generated by the instal-
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FFiigguurree  2222.. MediaMail: E-mail mes-
sage interface. The address book
appears in the top right corner.

Internet PhoneJack

Quicknet Technologies, Inc.
520 Townsend Street, 
Suite D
San Francisco, CA 94103
Ph: 415-864-5225; Fx: 415-864-8388
E-Mail: info@quicknet.com
Web Site: www.quicknet.com

TelePoint USA’s PhoneLink and
Quicknet’s Internet PhoneJack

both allow you to use a convention-
al telephone for Internet telephony.
Both provide good voice quality
through noise reduction. 

The PhoneLink is an external
device which interfaces to the sound
card as well as the POTS line. It
requires a modem connection to the
Internet in order to switch between
the analog service and the Internet
service. Since the PhoneLink is
attached to the sound card, all
sounds are directed to the attached
telephone set, which means you can-

not use the microphone/speaker set.
The Internet PhoneJack is a PC

card (with accompanying software)
that works independently from
existing modems and sound cards.
While it simulates the POTS tones,
it cannot interface with a POTS
line. Internet PhoneJack tightly inte-
grates with applications such as
VocalTec’s Internet Phone and
Microsoft’s NetMeeting and facili-
tates call handling and device set-
tings such as echo cancellation.
Internet PhoneJack supports tele-
phone sets, headsets, and micro-
phone/speaker connections. ■

PhoneLink/PhoneJack Comparison
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lation program. Unfortunately, the
Windows NT driver for Internet
PhoneJack was not available at the time
of our review, but we were told by
Quicknet that it should be available soon.

The Internet PhoneJack card has ports
for a telephone set, a headset, and a
microphone/speaker. We attached a regu-
lar telephone set to the card and immedi-
ately heard a dial tone. It was just as if we
had plugged straight into the POTS line.

DOCUMENTATION
Since we reviewed the product dur-

ing the early beta test program, there
was no documentation for the Internet
PhoneJack. However, at the late stages
of our review, we were given a sneak
preview of an early version of the
user’s manual in HTML format. We
found it to be thorough and complete. It
will be available in print format with
the released product.

FEATURES
• Plug & Play installation.
• Complete access to all the modules

and set up screens via the Internet
PhoneJack application task bar.

• Support for multiple Internet tele-
phone applications.

• Support for telephone set, headset,
and microphone/speaker set.

• Speed dial and address book.
• Echo cancellation.
• Tuning and set up Wizards.

OPERATIONAL TESTING
We tested the Internet PhoneJack

using VocalTec’s Internet Phone, which
is normally used over a sound card. On
our LAN, we set up a PC with a full-
duplex sound card to communicate with
the PC carrying the Internet PhoneJack. 

The Product’s Interface
We invoked the Internet PhoneJack

application from the Start/Programs
menu, which brought up the task bar
(Figure 23), the application’s nerve cen-
ter. From here, you can customize the
application, make or receive calls, adjust
the echo cancellation, etc. The task bar
also includes a Wizard button, which we
used for setting up the application to
work with VocalTec’s Internet Phone.
Internet PhoneJack can work with three
different Internet telephony programs:
VocalTec’s Internet Phone, Microsoft’s
NetMeeting, and “Other,” which is used
for applications such as Net2Phone.

We then clicked on the task bar’s
Phone button, which brought up a
menu, from which we selected
Properties. The Properties screen
(Figure 24) included an Options tab,

which contained information about the
Internet telephony application and the
record and playback devices. The
devices can be set to Internet PhoneJack
device or available sound card.

The Properties screen also includes a
tab called My Information, which
allows the user to enter his/her person-
al information, request new updates
online, and register the software. One
last tab, called Test, is used to test the
record and playback devices and con-
figure them for maximum efficiency. 

The Product’s Performance
We placed an Internet Phone call

from the other PC with a sound card.
The telephone set on our test machine
began to ring, indicating an incoming
call. The voice quality was very good,
and it felt as though we were using reg-
ular telephone service. 

Next, we reversed the process and
made an outbound call from the Internet
PhoneJack. We chose the Dial button
from the task bar, which presented us
with the Speed Dial screen. At this
point, we decided to add the destination
PC to the address book. We planned to
call the PC later, and wanted to make
calling as easy as possible. We added the
new entries through the Internet Phone
User screen (Figure 25). Since the PC on

FFiigguurree  2233.. Internet PhoneJack: The task bar, which is the application�s nerve center.

FFiigguurree  2244.. Internet PhoneJack: Properties screen
for selecting application options.

FFiigguurree  2255..  Internet PhoneJack: User screen for
modifying address book entries.
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our LAN had a fixed IP address, we
defined the new entry with its associated
IP address, assigned an extension, and
finally added it to the address book.

Dialing our destination PC was as
easy as picking up the phone and
choosing our recently added entry or
dialing the extension (123). The
address book can also be used to find
users who are registered on the
Internet telephone service provider’s
system. For example, for VocalTec’s
Internet Phone, the person’s Internet
phone address can be used. This fea-
ture is extremely helpful in locating a
person, since no matter where the per-
son is, as long as they are connected to
their Internet telephone service, their
name will be registered and accessible
to other callers.

Although we had not planned to test
two Internet PhoneJacks, we decided to
do so to check the voice quality
between the two devices. As it turned
out, the voice quality in this set up was
very good. Indeed, we practically for-
got we were using Internet telephony!

One final implementation of
Internet PhoneJack that we would like
to mention is its application in a Web
ca l l i ng  scenar io .  The  In te rne t
PhoneJack can be connected to a com-
pany’s PBX (since it simulates an ana-
log line) on which extensions can be
set up to receive calls when a user
browsing the Web calls in via the
Internet. This set up provides immedi-
ate support for the caller.

CONCLUSION
Internet PhoneJack provides remark-

able voice quality (through echo can-
cellation and enhancement techniques),
integrates well with popular Internet
telephone applications, and localizes
voice processing. Couple these features
with Internet PhoneJack’s smooth
installation, and you’ve got a superior
product that brings us one step closer to
consumer-quality Internet telephony. 

The product has other strengths. For
example, Internet PhoneJack can:

• produce a full range of POTS tones
(ring tone, dial tone, DTMF, etc.).

• work independently from existing
sound cards.

• accept telephone set, headset, or
microphone/speaker connections. 

We look forward to Windows NT sup-
port for Internet PhoneJack. Currently,
the product has a list price of $199.95
for its Windows 95 version.

Voice mail has come a long way
since it replaced standalone
answering machines. At first, voice

mail systems were offered exclusively
by the switch and PBX companies.
These systems were usually marketed
as add-on products, and they integrated
well with existing phone systems.

The benefits of voice mail were obvi-
ous from the beginning. Administrators
could manage a company’s messaging
needs from one central location and
allocate voice mail accounts to new
employees on-the-fly. Messages were

password protected, and calls were
taken even if the line was busy.

Then came the recent innovations in
computer technology, and the voice mail
market exploded. New products
appeared from a variety of companies
outdoing each other in voice mail capac-
ity, capabilities, and features. The voice
mail system of today is usually a PC
with speech cards. Typically, the soft-
ware for the voice mail application runs
on a popular operating system such as
Windows, DOS, UNIX, or OS/2.

One of the latest voice mail offerings
is available from Telephone Response
Technologies, Inc., which has released
CommPoint. Operating on the recently
released Windows NT 4.0, CommPoint
is designed to exploit the inherent
client/server model of Windows.
CommPoint offers a flexible and pow-
erful method to set up and administer
voice mail throughout the company or
the enterprise.

INSTALLATION
You can order CommPoint as a

turnkey server or as software. If you
select the turnkey option, you will
receive a server PC, speech cards, and
the software all installed and config-
ured, ready for immediate setup and
deployment. If you select the software
option, you will have to set up a PC
with Windows NT 4.0 and install the
speech card(s), in addition to installing
the CommPoint software.

Also, you may need to add the PC 
to your company’s network. With
CommPoint, you can opt for a basic LAN
configuration (single server) as well as an
enhanced LAN configuration (multiple
servers). In either case, you’ll need to be
well acquainted with Windows NT and
basic networking principles. 

The CommPoint system we received
from TRT was pre-configured with all
the hardware and software components
installed. In our system, a single PC
was the port server (the system which
carries the speech cards and the soft-
ware to run them) as well as the admin-
istrative workstation (which contains
such modules as the mail administrator
and the port administrator). 

The PC was a Pentium 120 with 32 MB
of RAM and 500 MB hard drive running
Windows NT 4.0 Workstation. It included
a D/41ESC Dialogic speech card, which is
a 4-line SCSA speech card with LSI line
interface, and a network interface card. 
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RATINGS (1-5)

Documentation: 4.0

Installation: 4.9

Features: 4.7

GUI: 4.9

System
Requirements
• 66 MHz 486 PC or Pentium.
• 16 MB RAM.
• Windows 95.
• Internet telephone service. ■

CommPoint
Telephone Response 
Technologies, Inc.
1624 Santa Clara Drive
Roseville, CA 95661
Ph: 916-784-7777; Fx: 916-784-7781
E-Mail: trtsales@trt.com
Web Site: www.trt.com
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We turned the PC on and set it up to
join our Windows NT network over
TCP/IP. Then we plugged in two
extensions from our Comdial DXP
PBX into the D/41ESC Dialogic
speech card. A quick reboot and the
system was on the network and con-
nected to our PBX. 

DOCUMENTATION
Our CommPoint system arrived with

three manuals: the Installation Guide; the
CP/Mail And System Administrator’s
Guide; and the CP/Script guide. All of
these manuals were concise, well orga-
nized, and complete. They included
many “how-to” instructions, and were
amply illustrated with screenshots.

We noticed that a few page numbers
were referenced incorrectly, and that a
few lines were missing from a couple
of sections. We attribute these small
oversights to the newness of the prod-
uct and the manuals. 

We could not find the PBX And
MWI Integration Guide, which was ref-
erenced in several sections of the other
manuals. Also absent were manuals for
recorder application and the system’s
reporting capabilities. According to
TRT, these guides should be available
by the time this review is published.

FEATURES
• Native 32-bit Windows NT 4.0 sup-

port. 
• Client/server architecture. 
• Scales from 4 ports to very large

systems (thousands of lines). 
• Up to 96 ports per PC-based port

server. 
• Support for analog, T-1, and ISDN

PRI lines. 
• Remote maintenance and monitoring

capability. 

NOBLE
SYS.
B/WW e at CTITM magazine

invite our readers
to contact us with com-
ments, questions, or sug-
gestions. If you have any
Feedback, we encourage
you to send e-mail 
(editorial@tmcnet.com),
or snail mail (CTI, 
1 Technology Plaza,
Norwalk, CT 06854). 

RATINGS (1-5)

Installation: NA

Documentation: 4.5

GUI: 4.9

Features: 4.75

System
Requirements
The port server has the following
minimum requirements:

• 80486DX/120 PC. (Pentium 100
or faster highly recommended.)

• 24 MB of RAM. (32 MB highly
recommended.)

• 12 ms hard drive with 40 MB
free space for CommPoint soft-
ware. (Additional free space is
necessary for message record-
ing.)

• Windows NT 4.0 Workstation or
Server.

• Dialogic SCSA speech card(s).
The administrative/user server has the
following minimum requirements:

• Windows 95 or Windows NT.
• 16 MB of RAM. ■



• On-line diagnostics and reporting. 
• Handle and route in-bound calls

based on incoming line, ANI, or DNIS
information. 

• Internal Dialogic SCbus switching
fabric.

OPERATIONAL TESTING
We concentrated on CommPoint’s most

important modules: CP/Mail, CP/Script,
and CP/Query. We also examined the
product’s remote administration, notifi-
cation, and reporting capabilities.

CP/Mail System
CP/Mail is CommPoint’s voice

mail/auto-attendant system. It provides
one-call “follow-me,” multiple person-
al greetings and attendant support,
auto-day/night mode, multiple compa-
ny/department support, distribution
lists, flexible mailbox profiles,
novice/expert modes, and customized
mailbox call-answering steps. 

The CP/Mail system consists of the
server portion and the administration
module. The server portion comprises
two programs, MailServ.exe and
Vmail.exe, which are usually included
in the application startup list of the port
manager. The server modules provide
access to the port manager as well as

management of the voice mail accounts
and caller interactions. 

The CP/Mail module is administered
via the Mail Admin module, which we
used to add a mailbox to our system.
The Mail Admin program started by
asking which server we wanted to be
connected to. (This request shows the
product’s client/server architecture at
work — CP/Mail can be administered
remotely or centrally.) 

We found that the CP/Mail adminis-
tration program describes a hierarchy.
System level administration is followed
by company level administration and,
finally, by mailbox level administration. 
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BBYY  CCHHRRIISS  BBAAJJOORREEKK,,
TTEELLEEPPHHOONNEE  RREESSPPOONNSSEE  TTEECCHHNNOOLLOOGGIIEESS,,  IINNCC..

Computer-telephony (CT) systems
— such as voice mail systems,

auto-attendants, ACDs, and IVRs
— are usually connected to phone
lines behind the PBX or phone sys-
tem. In other words, the lines going
into CT systems of this class are
extension lines. Moreover, these
lines are just like the lines that ter-
minate into standard desktop
phones.

When it is connected to a PBX
in this way, a CT system can freely
transfer the calls that it processes
to any telephone extension ser-
viced by the switch. Further, CT
systems of this class often give
callers an option to connect to a
live agent.

Unfortunately, connecting the CT
system to the PBX it sits behind is
often difficult. The main problem
is a lack of a single unifying stan-
dard for how to communicate with
the switch — almost every PBX
vendor has its own proprietary
method. So, every CT equipment
vendor must perform the arduous
task of learning how to interact
with each switch. This turns out to
be one of the most significant bar-
riers of entry into the voice
mail/auto-attendant market for
manufacturers.

PPBBXX  CCOONNNNEECCTTIIVVIITTYY  PPRROOBBLLEEMMSS
We can distinguish between two 

levels of PBX connectivity problems.
Accordingly, we should use two dif-
ferent terms to describe these prob-
lems. In this article, we use PBX
interfacing and PBX integration.
Since many people use the term PBX
integration loosely — using it to refer
to PBX connectivity problems gener-
ally — we should confine ourselves
to the more rigorous definition to
avoid confusion.

PBX Interfacing refers to the need
of CT systems to adapt to the specific
call progress tones and line takedown
signals that any given switch uses.
For example, when you pick up your
local PBX extension, the “dial tone”
you hear may not be the Bell standard
dual tone pair (440/660 Hz). In many
switches, it is a single tone; in others,
it is a different pair of tones.

Other call progress tones that may
deviate from Bell standards include
ring-back, busy, and re-order signals
as well as the tone or tones generated
by the switch to indicate caller dis-
connect. Here’s the problem with
these non-standard tones: all CT
equipment has to be trained to recog-
nize these different tones. In other
words, CT systems must be pro-
grammed to handle the tones for each
different switch, and there are hun-
dreds of switches.

PBX Integration refers to the need

of CT systems to recognize the types
of calls it is receiving as well as the
ability to command message waiting
lights on your extension phone to go
on or off. For example, say a caller
has entered touch tones requesting a
transfer to your extension, “555.” The
auto-attendant system performs an
unmonitored transfer to your exten-
sion (that is, it transfers your call and
immediately hangs up so that line is
free to handle another incoming call).
However, you are not at your desk.
So, the call is transferred back to the
voice mail system so the caller can
leave a message. 

Proper PBX integration allows the
CT system to know that the caller is
being bounced back to the auto-atten-
dant from a failed call transfer to
extension 555, which means the caller
does not have to re-enter your exten-
sion. All the caller hears is four rings,
signaling that you are not at their
desk, then a click, and then a “Please
leave your message at the tone”
prompt.

But what if the CT system sitting
behind the switch is not well integrat-
ed with the switch? Performance can
suffer. For example, call transfers
may be processed slowly or not at all.
Also, your voice mail system may not
“know” which line is calling or what
kind of call it has just answered,
causing the caller to re-enter informa-
tion (an extension, for example) that

Connecting CT Systems to PBXs: A Tutorial
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System Level: We selected our
Local system and were presented with
the System Information window
(Figure 26), which lists companies in
the system. Of course, this is a virtual
list. Company names could very well
be departments or just groups of mail-
boxes in some logical grouping.
Companies can be added and removed
from this window. 

The Settings tab is used for setting
global parameters for CP/Mail such
as maximum number of companies
and maximum number of total mail-
boxes in the system. The Distribution
Lists tab catalogs all system-wide

distribution lists
through a list ID.
The Notification
window is used to
setup the Message
Waiting Indicator
(MWI). The House-
keeping tab pre-
sented us with 
a window to con-
t r o l  t h e  s t a r t  
and stop times of
h o u s e k e e p i n g
functions. House-
keeping functions
include deleting

had been entered during an earlier
part of that same call.

SSOOLLUUTTIIOONNSS
PBX Interfacing Options

How do you characterize call
progress tones that deviate from Bell
standards? One way is to use a utility
provided by your voice card vendor.
One such utility, PBXpert, from
Dialogic, allows you to set up a PC
with one of their voice cards, hook up
the card to two PBX extension lines,
enter a few parameters into the pro-
gram screens, and tell it to run. It uses
both lines and places calls from one
extension to the other, creating condi-
tions like busy and ring-no-answer,
all the while recording the tone fre-
quencies and cadence patterns. When
done, it produces a TSF (tone set file)
that the Dialogic speech card driver
then uses to transparently provide
very good PBX interfacing for your
CT system. A very cool feature.

In the case of TRT’s high-density
CommPoint for NT voice mail prod-
uct, as of this writing, Dialogic has
just entered into Beta with this utility
under Windows NT (the DOS version
works well and has been in produc-
tion for quite a while). By the time
you read this article, the production
version may already be available. 

PBX Integration Options
How do you effect PBX integration

for the many switches that exist? Since
many PBX vendors consider integra-
tion details proprietary, the simple
answer is “one switch at a time.” 

Most voice mail systems use one of
three techniques to “hook up” to any
given PBX: In-band integration,
SMDI, and proprietary integration.
Thankfully, with SMDI and external
translation boxes from Calista and
Voice Technologies Group, much of
the larger-switch market can be cov-
ered. A significant effort remains for
handling in-band switches.

In-band integration refers to the
ability of a CT system to determine
information about the call by listen-
ing for in-band DTMF digits at the
very beginning of each call. For
example, a voice mail system hooked
to a hypothetical PBX using in-band
integration might see the DTMF
string “2*123#” and know that the
call it has just answered is an internal
call (“2”) from extension 123 and
know it can immediately prompt the
caller for their password instead of
having to ask them to enter their
mailbox number before logging in.
In-band switches tend to be of the
hybrid key system and smaller switch
variety.

SMDI (Station Message Desk
Interface) refers to an out-of-band
method of sending this same infor-
mation over an RS-232 serial port
instead of using in-band DTMF
tones. Moderate to very large switch-
es tend to use SMDI, including
Centrex service offered by telephone
company central offices. As with in-
band integration, SMDI is bi-direc-
tional to enable message waiting to
be turned on and off for any phone
system extension. As a side note,

Voice Technologies Group and
Calista sell external boxes that trans-
late serial SMDI protocol to emulate
digital feature sets for larger switches
(Definity, Nortel, etc.) — an attractive
integration alternative to more expen-
sive SMDI integration options for
these switches.

Proprietary integration refers to
the links provided by PBX vendors
to their own switches. Such links
are at least as functional as SMDI.
Open Application Interface (OAI)
links are offered from all major
PBX vendors as a way to command
and control specific switch opera-
tions from a computer-based sys-
tem. In some cases, the performance
and degree of control you can get
using these links is superior to other
methods. To save valuable time in
implementing proprietary solutions,
Dialogic makes a product called CT
Connect that provides a common
API as a means of controlling and
integrating to a wide variety of
switches and ACD systems that use
CSTA or proprietary integration
links.

Telephone Response Technologies,
Inc., founded by Chris Bajorek and
Norm Rees, developed its first soft-
ware tools product, INTELESYS, in
1986. In 1992, the company released
ProVIDE, its second-generation tools
product. In November of 1996, TRT
announced CommPoint for Windows
NT. CommPoint is scheduled to begin
production shipments during the sec-
ond quarter of 1997. ■
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unnecessary files, removing mes-
sages marked for deletion, and other
cleanup tasks that are usually carried
out during off-peak hours. The
Statistics tab displays some basic
usage statistics for the entire system.
The Reset button is used to clear all
displayed figures and reset to zero.

Company Level: Back on the
Companies tab, we looked at the entry
called _PROFILES_. This entry corre-
sponds to a group of mailboxes that are
template accounts used in creating new
mailboxes. A list of _PROFILES_
mailboxes are shown in Figure 27. 

The AUTO_ATTEND and STAN-
DARD mailboxes in Figure 27 are cre-
ated the same way as other mailboxes,
but they are used as templates for real
voice mail accounts. We wanted to cre-
ate a new mailbox 164 in the TRT
group, so we double-clicked on the
TRT entry and got to the Company
Information screen. This screen allows
company-level administration of
CP/Mail. The Mailboxes tab lists all
available mailbox accounts. Mailboxes
can be added, removed, and modified
from this screen. The Information mail-
boxes tab contains mailbox accounts
that store and play messages to the
callers. These accounts are managed
the same way as the regular mailboxes.

We clicked back on the Mailboxes tab
and clicked on the Create button to add
a new mailbox. A dialog box appeared
to confirm the addition of mailbox 164
with a combo-box field for the mailbox
profile. The entries of the combo-box

were from the _PROFILES_ accounts
that we had visited earlier. We added the
new mailbox to the list of existing mail-
boxes. Figure 28 shows a snapshot of
the mailboxes in the TRT company. 

One drawback to the create proce-
dure was that we had to enter the new
mailbox account in the field above the
list of mailboxes before clicking on the
Create button. Otherwise, nothing
would happen. This procedure applies
in several other CommPoint screens.

We would have preferred that the
Create button bring up a dialog box
asking for the new entry, or at least a
message explaining why CommPoint
did not take any action.

Mailbox Level: By double-clicking
on the 164 mailbox, we entered the final
level of CP/Mail administration, the
mailbox level. There were, as usual, sev-
eral tabs available to customize and
administer this mailbox (Figure 29). 

Continued on page 81
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for mailbox 164.
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Continued from page 72
Many of these options can be accessed
and modified by the owner through the
telephone set (TUI interface) or the soon-
to-be-released WinVM application. A
TUI (Telephone User Interface) allows
the user to modify many aspects of
his/her mailbox using the telephone set.

CP/Script And CP/Query
CP/Script offers sophisticated admin-

istrators a flexible, Basic-like scripting
environment for call control and IVR
implementation. CP/Script applications
can be extended with externally written
programs or procedures.

The CP/Script module, which is
reached via the Script step of the
CP/Mail’s Call Answering module,
comprises several command groups,
including Query, Variables Declaration,
Flow Control, Telephony Control,
Play/Record Control, and Test. 

While CP/Script offers a powerful
programming language, the CP/Query
modules extends the CP/Script com-
mand set by letting users access any
ODBC-compliant database via imbed-
ded SQL queries. Supported databases
include all popular DBMS systems
(Sybase, INFORMIX, Oracle, Microsoft
SQL, Microsoft Access, Paradox, etc.).

Database interaction is aided by the
Database Gateway, which must be
installed, configured, and run for data-
base access. The Gateway screen
(Figure 30) displays the status of
CommPoint’s ODBC connections in
real-time.

Remote Administration
We set up a separate Windows NT

4.0 workstation on the same network as

the CommPoint server. From this sec-
ond PC we invoked CPCLIENT.EXE
on the CommPoint server which
installed shortcuts to the administration
utilities residing on the CommPoint
server. After the installation was com-
plete, we configured the security
between the two systems so that we
could access the CommPoint server.
We were able to run the Port Monitor,
Port Admin, and Mail Admin programs
from the remote station, thereby gain-
ing access and control on the
CommPoint port server. 

We applaud TRT for implementing a
true client/server technology for the
CommPoint product. We believe that
this architecture should be one of the
top deciding factors when shopping for
a voice mail/auto-attendant system.

Notification
CommPoint can notify users that

new voice mail has arrived in two
ways. One way is via CP/Notify, which
provides for a desktop MWI (Message
Waiting Indicator) on a user’s Windows
95 or Windows NT client. The other

way is via the X-10 MWI system,
which requires an X-10 serial controller
and one X-10 module per MWI user.
The X-10 control signals are propagat-
ed over the AC power lines. 

On a PBX, the best way of notifying
the user of a new message is by flash-
ing the MWI light on the telephone set.
This is achieved by sending the appro-
priate signal to the PBX to flash the
voice mail light on the desired exten-
sion. CommPoint can transmit this sig-
nal to the PBX through a modem inter-
faced with a PBX port. This is setup
using the in-band integration program
(Figure 31). 

We would have liked to see this capa-
bility achieved through the speech ports
as well. However, we were told by TRT
that MWI was not implemented this
way since the ports were too valuable to
be occupied by this task when an inex-
pensive modem could perform the job.
We half-heartedly agree but still would
like to have that option available.

Reporting
Data from the running system is

gathered by the Report Agent, which is
usually launched by the Port Server
process when the system is started.
Figure 32 shows a snapshot of the
Report Agent as it collects data. 

To create reports from the data gath-
ered by the Report Agent, the Report
Wizard application must be used.
Several types of reports are available
from Report Wizard. We wanted to get
a report on the ports’ activities, so we
launched the Report Wizard applica-
tion, chose Port Configuration Report,
and defined a time period. In response, 

Continued on page 150

FFiigguurree  3300..  CommPoint: CP/Query
Database Gateway screen show-
ing real-time data.

FFiigguurree  3322.. CommPoint: Report Agent 
screen while gathering system data.

FFiigguurree  3311.. CommPoint: In-
band integration screen
showing modem parameters.
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Continued from page 81 
the Report Wizard produced a detailed
report (Figure 33).

ROOM FOR IMPROVEMENT
Switch Integration

During our tests, we noticed that
when we hung up on the auto-attendant
before giving it a chance to transfer the
call, the port that was handling the call
would remain busy indefinitely. After
checking with the Port Monitor, we
noticed that the port would go on an
endless cycle of auto-attendant and
general mailbox without ever being
released. The only option at this point
was to unplug it from the PBX. 

Perplexed, we called CommPoint
support, which told us the problem was
a poor interface between CommPoint
and our Comdial DXP PBX. (Please see
sidebar on page 70—Connecting CT
Systems To PBXs: A Tutorial.) The PBX
could not correctly communicate to the
port that the line had been dropped, and
thus the port could not release the line.
We were told by TRT that the PBXpert
utility currently in Beta by Dialogic
would alleviate this problem by learn-
ing the PBX signals and using them to
correctly interface with the PBX.

Another problem related to poor com-
munication with the switch involved
extension transfers. CommPoint allows
for two types of extension transfers,
monitored (which is the way we set it up)
and unmonitored. The monitored trans-
fer instructs a port to hold the line as it

tries to ring the extension. If the exten-
sion cannot be reached (busy, no answer,
etc.), the caller is passed to CP/Mail for
additional call handling steps. 

The unmonitored transfer, on the
other hand, transfers the call to the
desired extension and drops the line,
causing a PBX re-enter into the auto-
attendant rather than the voice mail if
the extension transfer fails. Obviously,
the monitored transfer has a clear
advantage over the unmonitored trans-
fer. However, it ties up the port until the
call has been handed over to the exten-
sion or the mailbox. 

If the voice mail system could be inte-
grated with the PBX, an unsuccessful
unmonitored extension transfer is fol-
lowed up by the PBX re-routing the call to
the correct voice mail bypassing the auto-
attendant. In this scenario, the port is
released when the call is passed to the
PBX, allowing the port to service other
calls (again, see the sidebar). We wish
there was an easy way to integrate
CommPoint to our Comdial DXP so we
could take advantage of unmonitored
extension transfers. We can only hope that
one day PBX/voice mail integration will
be automatically set up when the PBX is
connected to the voice mail system.

Customization
It’s always a big plus if Windows

applications can be customized via the
highly popular VBA (Visual Basic for
Applications) programming language.
While CommPoint features a flexible

and powerful scripting language
(CP/Script) as part of the product offer-
ing, we think it would be worthwhile
for TRT to consider adding VBA to its
offering. Such an addition would take
advantage of VBA’s popularity.

Other
CommPoint’s help screens left a lot

to be desired. Although online help was
available for most of the windows, the
help screens were usually too brief.
There were also a few screens such as
the Follow Me screen which did not
offer any online help. We look forward
to a more complete help facility for
CommPoint.

Occasionally, the CommPoint server
would report low resources. Calling
CommPoint support revealed that the
Report Agent was the culprit, and that
shutting it down resolved the problem.
We were told that TRT is correcting
this problem.

Finally, the following items were
unavailable in the product’s current
version, but we were told by TRT that
work is underway to eventually inte-
grate them into the product: complete
unified messaging including groupware
integration (such as Microsoft
Exchange integration); fax capability;
intelligent call queuing and basic ACD
functionality; and Web integration.

CONCLUSION
CommPoint is a true client/server-

based voice mail/auto-attendant applica-
tion utilizing the power of Windows NT
4.0. By design, it allows for a scaleable
voice messaging solution from the small
company to the large enterprise. The
CP/Mail module allows for precise voice
mail and auto-attendant implementation,
while the CP/Script module allows the
more sophisticated administrator to
design a powerful and flexible system
tailor-made for his/her company.

CommPoint’s remote administration
and monitoring capabilities are superb.
We also liked the product’s reporting
and query capabilities. With some
moderate improvement, we feel that
CommPoint can become a heavyweight
contender in the voice mail/auto-atten-
dant market. ■

CT I L ABS

FFiigguurree  3333.. CommPoint: Port
Activity report generated by
Report Wizard.


