Telos DT100

Teleconference System

User's Manual
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The DT100

DT100 Teleconference System brings superb technology
to applications where performance is an important consideration. It embodies a
state-of-the-art approach to interfacing telephone lines for teleconferencing use.
The very fast and precise digital automatic nulling allows smooth, natural
simultaneous conversation without the usual speakerphone blocking effect or
the audio distortion and feedback problems often experienced with hybrid-type
interface devices.

A powerful digital signal processor with proprietary software is used in this unit
for excellent performance. The DT100 is a true digital second-generation tele-
phone interface.

Purpose

The purpose of the DT100 Teleconference System is to separate the distant! and
local signals and to deliver pure distant audio to the speakers with as little of the
local signal as possible mixed in, while at the same time sending the local signal to
the telephone lines without mixing in any of the distant audio. Since the signals in
both directions travel on the same pair of telephone wires, this is not an easy task.
Until digital signal processing techniques were applied to the telephone interface
problem, there were two choices:

Switching

The distant and local paths were separated by having only one talk direction active
at a time. The common “speakerphones” use this approach. The disadvantage is
that natural conversation is impossible, since the distant is cut off when a local
talks, and vice-versa.

Analog Hybrid Interfaces

These were, on most phone lines, very poor at removing the local signal from the
distant’s audio. This meant that the local signal could become quite distorted as
the phone audio was mixed in. It also exacerbated audio feedback problems.

The DT100 uses state-of-the-art digital techniques to perform this telephone
hybrid function — the separation of the local and the distant audio. These audio
signals are converted to digital bits and processed to separate the signals while
maintaining natural, simultaneous, full-duplex conversation. The digital
approach assures consistently good signal separation regardless of varying
phone line impedance.

" In the context of this manual “distant”™ will be used to refer to the party at the other end of the telephone line.
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Special Features

DT100 Teleconference System incorporates sophisticated
audio processing in the digital domain for gain control and filtering.

e A digital high-pass filter is used to reduce hum and other low frequency
interference. High frequency noise above the telephone frequency range is also
attenuated.

e A digital automatic gain control smooths input and output levels. A noise-gate/
downward expander is provided in the receive path to reduce phone line noise
during distant pauses.

e An automatic override function is provided to allow ducking of the distant audio
while a local is speaking. The override function includes an acoustic ducker which
dynamically reduces send audio when distant audio is present in order to reduce
feedback and aid in natural conversation.

* A unique feature is a special feedback reduction function using a pitch-shifting
approach. The local (send) audio is shifted downward in frequency by 4 Hz to help
prevent feedback buildup.

e Front panel metering is provided by an LED display for input level.

e Automatic disconnect when distant disconnects. The feature can be defeated
internally if automatic disconnect is not desired.

¢ Automatic answering is available as an extra-cost option.

Operation

When a call is initially established, a brief mute/adapt period provides an
opportunity for the system to adjust to the line before the connection is made to
the conference speaker(s). The distant hears a brief “hiss” (noise burst), which is
not heard over the conference speaker(s) because the output is muted during this
time. This noise burst is the signal that the digital signal processor uses to initially
adapt the system to the telephone line impedance. Adaptation to the telephone line
characteristic continues throughout the conference as the conversation proceeds,
using the voice as the driving signal.

This initial adaptation period has the incidental benefit of removing the line
switching “clunk.”
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Installation

Telephone Line

There are two modular RJ11 telephone connectors on the rear of the DT100.
The incoming telephone line is connected to the connector marked “LINE.”
A telephone set can be connected to the one marked “SET.” When the DT100
is in the “CONFERENCE ON” mode of operation, the “SET” is disconnected.
When the DT100 is in the “CONFERENCE OFF” mode of operation, the
telephone line is simply passed through from the “LINE” connector to the
“SET” connector.

Input Audio Connections

Audio is input via one of three connectors:

Microphone connector

This is a TB3M connector with DC bias, designed to connect directly to
Audio-Technica UniPoint® condenser microphones. Pin #1 is ground; Pin #2

is signal and Pin #3 is DC bias. The sensitivity of the microphone used should
be no less than 4 mV/Pa (-48 dBV). Gain is controlled by the “MICROPHONE”
level control on the front panel.

The Audio-Technica AT851a UniPlate® condenser microphone is ideally suited for
table-top conference applications. It provides frontal pickup angles of 120° horizon-
tal and 60° vertical, which is ideal for most conference situations. Should the
situation warrant, the pickup angle in the AT851a may be changed to an accep-
tance angle of 170° (subcardioid) by replacing the element with an AT853SC-ELE
or to an acceptance angle of 110° using an AT853H-ELE hypercardioid element.

For hemispherical pickup (360° horizontal and 180° vertical) use the AT841a
UniPlate microphone. Or, if you prefer the AT851a microphone, you can use
the AT8530-ELE omnidirectional element with it. Note that as the horizontal
acceptance angle is increased, so is unwanted background noise.

Line connector

This is an XLRF-type connector providing access to a balanced, line-level input.
The input impedance is approximately 2000 ochms. The input requirements are
600 ohm line output; —20 dBV to +10 dBV. Pin #1 is the ground; Pin #2 is the
non-inverting input and Pin #3 is the inverting input. The gain of this input is
also controlled by the “MICROPHONE? level control on the front panel.

































