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ADT IP PBX Chip Adaptive Digital Technologies, Inc.

DESCRIPTION

Adaptive Digital’s IP PBX chip provides all the DSP functionality needed in a small to medium size IP PBX
telephone system. This solution is based upon Adaptive Digital’s field proven algorithms running on the

Texas Instruments Low cost TMS320C5510™ digital signal processor (DSP).

FEATURES
e  Eight TDM Channels can be used for Analog FXO, FXS, and digital trunks

=  (.168 echo cancellation is available on all TDM channels
= CallerID
=  Automatic and programmable fixed gain control
= Voice Activity Detection
=  DTMF tone detection and suppression
=  Call Progress Tone Detection
=  Fax Tone Detection
=  Tone Generation
e  Twelve VoIP Channels
=  Twelve G.711 with appendix 1 (packet loss concealment
= Eight G.729A channels
= 16-bit linear mode supported
=  Packet interface uses parallel host port interface to communicate with host processor
e  Eight-way conferencing
. Host processor interface
= “C” APl makes simplifies interface between host processor and DSP
= Multiple DSPs supported by API software
=  Bootloading
= DSP Configuration
= Control/Status
= Channel Setup/Teardown
= Conference setup, control, teardown
= Packet interface
e Based upon Texas Instruments TMS320C5510 low-cost low-power DSP
e Scalable architecture
e  Programmable Time Slot Assigner

e Loopback mode provided for testing
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Figure 1: Chip Block Diagram

The host/packet interface on the left side of figure 1 interfaces with a host processor. This interface is via the DSP
16-bit Host Port Interface (HPI). The coder blocks handle G.711 or G.729A encoding and decoding. The time slot
assigner allows any coder block to be connected to any TDM channel. The TDM channels include Adaptive Digjtal’s
AT&T certified G.168 echo cancellation, tone detection and generation, automatic and fixed gain control, and Caller

ID transmit and receive. For more detail on the PCM processing, refer to figure 2.

An 8-way conference call node allows up to eight parties (a combination of VoIP and TDM channels) to be bridged

together using Adaptive Digital’s carrier-class high-density conferencing algorithm.

Figure 2 shows the chip’s PCM processing. On the left side of the diagram, the PCM processing connects to the time

slot assigner. On the right side of the diagram, the PCM processing connects to the TDM serial port.

The data from the TDM serial port is fed both to the Caller ID receiver and the G168 echo canceller. The Caller ID
receiver decodes any inbound caller ID messages and sends the decoded messages to the host interface. The

G.168 echo canceller removes echo from that might be present on the TDM input.
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Figure 2: PCM Processing

The echo-cancelled signal is fed through a gains stage into the voice activity detector and the tone detector, both of
which send their results to the host interface. The tone detector further feeds the tone suppressor which can
optionally remove DTMF tones from the signal before feeding it to the AGC block. The output of the AGC is fed to the

time slot assigner.

In the opposite direction, data from the time slot assigner is fed to a summation block where it optionally added to a
locally generated tone. The sum is fed into a gain block and then into the echo cancller. This input to the echo
canceller is only a reference signal.

The echo canceller does not cancel echo in this direction. The output of the echo canceller is optionally added to
the caller ID generator, which generates a host-specified caller ID signal burst. The output of this summation block
is fed to yet another summation block which can act as a three-way conferencing bridge. The output of this final

summer is fed to the TDM bus.

All the algorithms are configurable using host interface API functions. The API functions are listed in table 1.
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Typical Application

Figure 3 shows an example of how the IP PBX chip might be used in an IP PBX product.
In this example, four IP PBX chips are used to support an IP PBX that supports T1/E1 channel densities.
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Figure 3: Typical Application

32 slot & bit u/a-law McBSP#2
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API Functions

The IP PBX chip API functions are listed in table 1.

gpakSendPayloadToDsp Send a packet payload to a packet channel.
gpakGetPayloadFromDsp Read a packet payload from a packet channel
gpakConfigureChannel Setup a channel

gpakTearDownChannel Teardown a channel
gpakSetupLoopbackCoderChan Setup a loopback channel
gpakTeardownLoopbackCoderChan Teardown a loopback channel
gpakConfigureConference Configure a conference

gpakGetEcanState Save an echo canceller’s state
gpakSetEcanState Restore an echo canceller’s state
gpakAlgControl Control a channel’s algorithm
gpakGetTxCIDBuffStartAddress Get a channel's Tx Caller Id Buffer Start Address
gpakSendCIDPayloadToDsp Send a transmit payload to a Caller Id channel
gpakGetCIDPayloadFromDsp Read a receive payload from a Caller Id channel
gpakConfigurePorts Configure the Serial Ports

gpakDownloadDsp Download the DSP's program
gpakChannelGenerateTone Control tone generation on a channel
gpakConferenceGenerateTone Control tone generation on a conference input
gpakReadAgclnputPower Read a channel's AGC short term power
gpakReadEventFIFOMessage Read from a DSP's Asynchronous Event FIFO
gpakPingDsp Verify that the DSP is still executing software
GpakSerialTxFixedValue Transmit a fixed value onto a DSP channel's serial port timeslot
GpakControlTdmLoopBack Control a DSP's Serial Port Input-to-Output Loopback State

Table 1: Host API Functions

Please contact sales for further information:
T: 610-825-0182 x120
Toll Free: 1-800-340-2066

information@adaptivedigital.com
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