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1
TELECOMMUNICATION SYSTEM

Matter enclosed in heavy brackets [ ] appears in the
original patent but forms no part of this reissue specifi-
cation; matter printed in italics indicates the additions
made by reissue.

FIELD OF THE INVENTION

The present invention relates to communications appara-
tus generally and more particularly to telecommunication
systems with facsimile demodulation and modulation capa-
bilities.

BACKGROUND OF THE INVENTION

Various types of telecommunication systems for intercon-
necting telephone communication trunks to a transmission
network are known in the patent literature and in the
marketplace. One type of such apparatus is known as Digital
Circuit Multiplication Equipment systems which typically
include Time Assignment Speech Interpolation (TASI)
Apparatus. There is described in applicant’s European
Patent and in applicant’s U.S. Pat. No. 4,523,309, TASI
apparatus which has gained widespread market acceptance.

A particular feature of the abovementioned U.S. Pat. No.
4,523,309 is that control information such as the assignment,
synchronization and identification information is transmitted
along the communication channels instead of on separate
signaling channels as in the prior art. In addition, the
signaling communication channel assignment information is
also supplied via the voice channels rather than via the
signaling channels.

Another type of telecommunication system for intercon-
necting telephone communication trunks to a transmission
network is described in a paper by R. W. Muise et al entitled
“Experiments in Wideband Packet Technology,” given at the
International Zurich Seminar on Digital Communication,
April, 1986. The paper discloses a system which comprises
an access interface and a wideband packet switch for send-
ing packets of speech and data across a transmission net-
work.

There are known Digital Circuit Multiplication Equip-
ment (DCME) systems in which the advantages of Digital
Speech Interpolation (DSI) and adaptive pulse code modu-
lation (ADPCM) compression techniques have been
incorporated, as demonstrated in applicant’s U.S. Pat. No.
4,747,096 which also uses voice channels for the transmis-
sion of control information. In addition, the system detects
voiceband data transmission and compresses it according to
an optimal ADPCM adapted for voiceband data.

However, the optimal ADPCM adapted for voiceband
data compresses the voiceband data at a 2:1 rate whereas the
compression rate of the DSI and the ADPCM for speech is
6:1. Thus, with the current proliferation of personal fac-
simile machines whose signals when transmitted via a
DCME are compressed as voiceband data, the overall com-
pression rate of a DCME is approaching 3:1.

In a Delayed Contribution D.788/XVIII presented at the
CCITT Working Party XVIII/8 in Geneva Switzerland on
Jul. 8-15, 1986 by BUTELSAT entitled “EUTELSAT Con-
siderations on LRE-DSI characteristics for Digital Circuit
Multiplication”, there appears a proposal to demodulate
V.29 voice band data signals in order to enable such signals
to be transmitted via a compression system which employs
ADPCM encoding for signal compression. This reference
only proposes V 29 modem demodulation in DCME but
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2

does not explain how to do it. Importantly, it does not teach
how to detect facsimile signals for subsequent demodulation
thercof.

In a Final Report submitted to the International Maritime
Satellite Organization (INMARSAT) entitled “Study of Fac-
simile Interface Units for Future Inmarsat Digital Commu-
nications System” dated Jul. 28, 1988 there is proposed a
concept for demodulation of an all-facsimile channel. No
consideration is given to detection of facsimile signals on a
“mixed” channel which carries both speech and facsimile
signals, and switching between different processing routes
for facsimile and speech in response to such detection.
Furthermore, this reference does not deal with many fac-
simile protocols which are in common use in such “mixed”
channels.

SUMMARY OF THE INVENTION

The present invention seeks to provide a telecommunica-
tion system with improved facsimile signal compression
capabilities.

There is thus provided in accordance with a preferred
embodiment of the invention a telecommunication systermn
for interconnecting a plurality of telephone communication
trunks to a transmission network, the system comprising
transmission apparatus at at least a first end of the transmis-
sion network and receiving apparatus at at least a second end
of the transmission network. The transmission apparatus
includes apparatus for detecting signals on the plurality of
telephone communication trunks and classifying the signals
at least as selected facsimile signals and other signals. first
apparatus for demodulating the selected facsimile signals.
second apparatus for compressing the other signals, and
apparatus for communicating the nature of signals transmit-
ted along the transmission network. The receiving apparatus
includes apparatus for receiving communications from the
apparatus for communicating for determining the nature of
signals received along the transmission network. third
means for modulating the selected facsimile signals received
along the transmission network. and fourth means for
decompressing the other signals received along the trans-
mission network.

It is understood that the demodulation and modulation
may be complete including, for example, descrambling and
scrambling, or incomplete not including scrambling and
descrambling.

Additionally, in accordance with a preferred embodiment
of the invention the other signals comprise voice signals and
voiceband data signals. The second apparatus comprises
both apparatus for compressing the voice signals and appa-
ratus for compressing the voiceband data signals. The fourth
apparatus comprises both apparatus for decompressing the
voice signals and apparatus for decompressing the voice-
band data signals.

Further. in accordance with a preferred embodiment of the
invention the selected facsimile signals are Group 3 fac-
simile signals.

Still further, in accordance with a preferred embodiment
of the invention the apparatus for detecting and classifying
includes apparatus for detecting signal activity, apparatus for
detecting the presence of voiceband data signals and appa-
ratus for detecting the presence of group facsimile signals,
comprising apparatus for detecting a sequence of flag char-
acters.

In accordance with a preferred embodiment of the inven-
tion the demodulating apparatus comprises a plurality of
facsimile demodulators, each having a different mode of
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operation corresponding to a group 3 facsimile signal.
apparatus for initially supplying incoming selected facsimile
signals simuitaneously to the plurality of facsimile
demodulators. apparatus for determining which of the plu-
rality of facsimile demodulators initially successfully
demodulates an incoming selected facsimile signal, and
apparatus for utilizing the facsimile demodulator which
initially successfully demodulates an incoming selected fac-
simile signal for continuing demodulation of the incoming
selected facsimile signal. Since there are many facsimile
transmissions which do not adhere to the standard protocol
definitions as defined in CCITT Red Book Rec. T.50, the
data rate and mode of operation of the incoming facsimile
signal cannot be derived from a protocol analysis. It is an
object of the present invention to provide facsimile signal
classification by waveform analysis. rather than protocol
analysis. Thus, at the beginning of each facsimile signal
burst. a plurality of facsimile demodulators are needed to
simultaneously demodulate the incoming facsimile signals.

Additionally. in accordance with a preferred embodiment
of the invention the demodulating apparatus comprises
facsimile signal demodulator and forward error correction
apparatus wherein the forward error correction apparatus is
operative to protect the output of the facsimile demodulator.

An object of the present invention is to provide a facsimile
signal compression ratio between 4:1 and 6:1, a ratio much
higher than that achievable by treating facsimile transmis-
sions a voiceband data signals. The present invention
achieves the desired compression ratio by demodulating
facsimile modem signals and transmitting that information
in binary data form to the far end terminal where the original
facsimile mode signal is reproduced.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention will be understood and appreciated
more fully from the following detailed description taken in
conjunction with the drawings in which:

FIG. 1 is a functional block diagram illustration of the
transmit side and the receive side of the system showing
graphically functions of the international telephone multi-
plication system, including the facsimile signal compression
functions. constructed and operative in accordance with a
preferred embodiment of the present invention;

FIGS. 2A and 2B. are block diagram illustrations of
elements of the transmit circuitry constructed and operative
in accordance with a preferred embodiment of the present
invention;

FIG. 3 is a block diagram illustration of the facsimile
demodulator useful in the apparatus of FIGS. 2A and 2B;

FIGS. 4A and 4B are block diagram illustrations of
elements or the receive circuitry constructed and operative
in accordance with a preferred embodiment of the present
invention;

FIG. 5 is a block diagram illustration of the facsimile
modulator useful in the apparatus of FIGS. 3A and 3B; and

FIG. 6 is a block diagram illustration of the signal flow
from a facsimile machine, through local telephone lines. to
a switching center useful in understanding the system of
FIG. 1.

DETAILED DESCRIPTION OF A PREFERRED
EMBODIMENT

Reference is now made to FIG. 6 which illustrates the data
flow from a facsimile machine through a local telephone
system to a transmission network. A facsimile machine 10,
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4

according to CCITT Red Book, Malaga-Torremolinos 1984,
Recommendations T.4 and T.30. comprises a facsimile scan-
ner and encoder 12, according to CCITT Red Book Rec-
ommendation T.4. which produces a binary bit stream, at
rates up to 9.6 kbit/s, representing a compressed version of
the scanned page. and a modulator 14, such as the ROGMFX
Monofax by Rockwell International, which modulates the
binary bit stream onto an analog waveform for transmission
through local analog telephone systems.

The Group 3 facsimile call procedure is defined in detail
in CCITT Red Book Rec. T.30. Typically. the facsimile call
begins with a 2100 Hz. tone from the called terminal.
followed by a coordination dialog between the two facsimile
machines at a rate of 300 bit/s, modulated according to
CCITT Red Book Rec. V.21, channel 2. The facsimile
messages are fransmitted, page by page. at data rates of
2400, 4800, 7200, and 9600 bit's, modulated according to
CCITT Red Book Rec. V.27 ter for the two lower rates and
according to CCITT Red Book Rec. V.29 for the two upper
rates, It should be noted that CCITT Red Book Rec. T.30
also allows for non-standard 300 bit/s protocols.

An analog to digital (A/D) converter 16 receives the
analog waveform and samples the signal in order to trans-
form it to a standard 64 kbit/s pulse code modulated (PCM)
digital signal. The digital PCM signal is then transmitted, as
one time slot or 2 2.048 or a 1.544 Mbit/s signal, via a digital
exchange 18, such as the 4ESS from AT&T, which may
subsequently transmit it to a transmission system. such as is
described hereinbelow. It should be noted that the digital
signal produced by the facsimile scanner 12 is a binary data
signal and the digital signal produced by the A/D converter
16 is in the form of digital samples of an analog waveform.
The two rates are significantly different (up to 9.6 kbit/s vs.
64 kbit/s) and thus, the transmission of the binary data via
current methods of telephony is wasteful.

According to the teachings of the present invention, the
transmission efficiency of digital links is increased by repro-
ducing the originally scanned and encoded binary data from
the PCM signal of the modulated analog waveform and then
transmitting it along a transmission network as a 9.6 kbit/s
signal. According to an alternative embodiment of the inven-
tion the binary data is transmitted as a 16 kbit/s signal which
comprises the 9.6 kbit/s signal and additional error correc-
tion code, thus significantly increasing the robustness of the
transmission in presence of line errors. Without error
correction, the system of the present invention achieves a 6:1
compression ratio for facsimile transmissions and with error
correction it achieves a 4:1 compression ratio.

Reference is now made to FIG. 1, which is an overall
functional system block diagram of the transmission and
reception end of a telecommunication system. indicating
three methods of signal compression as well as the trunk
expanding functions of the various elements of the telecom-
munication system. The transmit side is described with
respect to FIG. 1. The receive side is mirror symmetric and
will not be described with respect to FIG. 1. Many of the
components of the telecommunication system are substan-
tially similar to those described and claimed in the aforesaid
U.S. Pat. No. 4,717,096, which is incorporated herein by
reference. and therefore, will not be described in detail. It
will be appreciated that the telecommunication system
described in FIG. 1 can be implemented in a point to point
configuration. in a multiclique configuration. and in a mul-
tidestination configuration. as defined in CCITT Blue Book
Rec. G.763. Additionally, it can be implemented as an access
terminal for traffic compression into a packet switching
network.
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The transmission apparatus includes a trunk PCM inter-
face (TDLI) 20 which is operative to provide interfacing
between 1.544 Mbit/s or 2.048 Mbit/s PCM signals and the
internal 2.048 Mbit/s (NRZ) signals employed in the tele-
communication system. It is operative to provide synchro-
nization plesiochronous buffering and optional format con-
version.

Downstream of TDLI 20 there is provided a time slot
interchange (TSI) 22 which provides time slot mapping. It
enables up to ten 24-channel bit streams to be regrouped into
eight 30/32 channel bit streams.

Digital speech interpolation circuitry (DSI) 24 provides
voice compression by means of the time assignment speech
interpolation (TASI) of U.S. Pat. No. 4.523.309 and is
operative to compress up to 240 trunks generally into 62
bearer channels. Additionally, DSI 24 provides detection
circuitry for classifying incoming signals as selected fac-
simile signals, such as Group 3 facsimile signals, and as
other signals where other signals typically include speech.
tone and non-facsimile voiceband data. This enables the
transmission apparatus to separately compress facsimile
signals and to apply the conventional compression tech-
niques for speech and non-facsimile voiceband data signals.

Further compression is provide by a signal compression
circuit 25 typically comprised of Adaptive Differential Pulse
Code Modulation (ADPCM) circuitry 26 and Variable Bit
Rate (VBR) circuitry 28, voiceband data optimized algo-
rithm circuitry 27 and facsimile modem 29.

ADPCM circuitry 26 employs an ADPCM algorithm, in
accordance with the Red Book CCITT G.721 recommenda-
tion for compressing speech. VBR circuitry 28 is typically
provided in conjunction with ADPCM 26 and is operative to
effectively create additional bearer channels (in excess of
62) to overcome periods of traffic overload, as described in
aforesaid U.S. Pat. No. 4,747,096. The ADPCM 26 and the
VBR 28, in conjunction with the DSI 24, provide a com-
pression ratio of typically 6:1 for speech signals. It will be
appreciated that circuitry employing other speech compres-
sion techniques. such as 16 kbit/s speech coding. can replace
the ADPCM 26 circuitry.

Voiceband data is routed through voiceband data opti-
mized algorithm 27 which employs ADPCM codecs spe-
cifically optimized for reliable transmission of voiceband
data, as described in aforesaid U.S. Pat. No. 4,747,096. The
voiceband data algorithm is transparent to voiceband data
signals and provides a 2:1 compression ratio. It will be
appreciated that the voiceband data compression may be
implemented using other algorithms, such as that of CCITT
Blue Book. Melbourne 1988, Rec. G.723.

In accordance with a preferred embodiment of the present
invention, facsimile modem 29 is provided for reproducing
a plurality of original facsimile binary data from a plurality
of PCM signals. for optionally incorporating error correction
information into the plurality of original facsimile binary
data and for multiplexing the resultant signals. The optional
error correction function is typically provided when the
transmission network is of the type where performance is
typically degraded.

Muitiplexer 31 multiplexes the output of the signal com-
pression stage, comprising ADPCM 26. VBR 28, voiceband
data algorithm 27 and facsimile modem 29 into one gener-
ally fully populated 2.048 or 1.544 Mbit/s signal. At each
sample period. which is typically 125 microseconds. multi-
plexer 31 produces one bit frame with bits from compressed
channels.

An alternative embodiment of the invention comprises a
multiplexer 31 which incorporates wideband packet
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technology, as described in the aforementioned paper by R.
W. Muise et al entitled “Experiments in Wideband Packet
Technology”. In the alternative embodiment, the multiplexer
31 is operative to act as a Packet Assembler (PA) to gather
and packetize a sequence of samples of compressed speech,
voiceband data or facsimile data and to subsequently trans-
mit the packets to a transmission network.

Interface between the 2.048 Mbit/s output from the mul-
tiplexer 31 to the standard 1.544/2.048 Mbit/s standard PCM
bearer channels is provided by the Bearer PCM Interface
(TDLI) 30. described in aforesaid U.S. Pat. No. 4,747.096.

Reference is now made to FIG. 2. which illustrates in
block diagram form certain elements of the transmission
apparatus of the telecommunication system pertaining to the
present invention and corresponding to the functional block
diagram of FIG. 1. A complete description of the remaining
elements can be found in aforesaid U.S. Pat. No. 4.747.096.

Eight 2.048 Mbit/s bit streams emerging from the TSI 22
are supplied to the DSI circuitry 24 and are directed in
parallel to a transmit delay memory 50. to a facsimile
detector 53 and to other detectors, such as speech and tone
detection circuitry 52.

Speech and tone detection (SPD) circuitry 52 typically
comprises four SPD circuits, each of which receives
2x2.048 Mbit/s digital streams from the transmit TSI cir-
cuitry 22. The SPD circuitry 52 is operative to examine each
time slot for the present of speech energy above an adjust-
able threshold which is normally set at —32 dBmO.

If speech energy is present, a main CPU 44 is notified of
the time slot that has active speech. Additionally, the tone
detector portion of the SPD circuitry 52 examines the active
speech for the continuous presence of a 2100 Hz tone
(CCITT Red Book Rec. G.164 or Rec. V.25 for voiceband
data or Rec. T.30 for facsimile data). When the tone is
detected, the main CPU 44 is notified.

Facsimile detector 53 additionally receives all eight of the
2.048 Mbit/s bit streams received from TSI 22 and detects
the presence of facsimile signals on them. Since Group 3
facsimile systems begin their 300 bit/s transmissions with a
preambie, defined in the 1984 CCITT Red Book Recom-
mendation T.30 paragraph 5.3.1 to be a series of flag
characters transmitted for one second on a 300 bit/s signal,
it will be appreciated that the preamble is unique to facsimile
systems and thus. can be utilized for reliable detection of
facsimile signals; other data protocols transmit at most one
or two flag characters. Thus, facsimile detector §3 detects a
facsimile transmission upon identifying at least five con-
secutive flag characters.

If a facsimile transmission is present, facsimile detector
53 notifies the main CPU 44 of the trunk channel in which
it occurs. If the detection occurs for a trunk channel which
is not classified as carrying facsimile signals. then the main
CPU 44 marks the trunk channel as a facsimile trunk
channel. Until marked otherwise, the trunk channel remains
as a facsimile trunk channel and any further detections of a
facsimile transmission on that trunk channel are ignored.

The main CPU 44, typically based on the Intel 80286
microcomputer, controls the DSI operation as well as other
functions of the telecommunication system. Its major task,
as part of the transmission apparatus, is to receive activity
information about facsimile transmissions and other signals,
such as speech, tone and voiceband data. and to assign an
available bearer bit portion to the active trunk. In order to do
50, it routes the time slots of the eight 2.048 Mbit/s channels.
via a transmit Digital Speech Interpolation (DSI) switch 56.
to either of the ADPCM 26. the voiceband data algorithm 27
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or the facsimile modem 29. depending on the results of the
SPD and tone detector 52 and the facsimile detector 53.
Main CPU 44 also indicates to a facsimile CPU 80 which is
part of the facsimile modem 29 and which is described in
more detail hereinbelow, in which time slot it will receive a
facsimile transmission and in which bit portion it should
transmit the demodulated facsimile transmission. The main
CPU 44 additionally detects the completion of a facsimiie
transmission on a facsimile channel. The software for the
main CPU 44 is taken mostly from apparatus of the type
described in the aforesaid U.S. Pat. No. 4,747.096.

Following initial detection of a facsimile transmission. the
system switches to a facsimile signal path. The switching
takes place during the first silent period during facsimile
“handshake” following detection. Effecting the switching
during the silent period avoids undesirable signal transients.

The transmit DSI switch 56 receives 8x2.048 Mbit/s
digital streams from the transmit delay 50 and selects, in
response to commands from the main CPU 44, an appro-
priate time slot. The standard 2.048 Mbit/s bit stream
contains 30 speech time slots (TS); however. in accordance
with U.S. Pat. No. 4,747.096, when TS 16 is not used for the
transmission of signaling information, 31 time slots are
available for speech.

Thus, two bit streams of up to 62 time slots during
operation at normal speech traffic levels, one bit stream with
up to 31 voiceband data signals and one bit stream with up
to 31 facsimile signals are provided. Additionally, an addi-
tional 20 time slots are provided for use during periods of
traffic overload. as a result of VBR operation. The 144
available time slots form an output of five 2.048 Mbit/s
digital streams where the fifth 2.048 Mbit/s digital strum
comprises the 20 additional time slots. The remaining 11
time slots of the fifth 2.048 Mbit/s digital stream are unused.

The first two and last one of the five 2.048 Mbit/s digital
streams are dedicated to trunk channels with speech activity,
the third is dedicated to trunks with non-facsimile voiceband
data signals. and the fourth is dedicated to trunks with
facsimile transmissions.

DSI 24 also comprises a message generator 54 which
receives 2 bytes (16 bits) of message information from the
main CPU 44. The message information indicates to the
receive circuitry the location. on the bearer bit stream, of the
assigned bits for each compressed trunk channel and the
type of traffic, speech. voiceband data or facsimile data,
carried therein.

Signal compression circuitry 25 comprises a signal com-
pression assembly 64 which receives the five 2.048 Mbit/s
digital streams from the transmitting DSI switch 56. The
signal compression assembly 64 comprises ADPCM encod-
ers and data optimized ADPCM encoders, fully described in
aforesaid U.S. Pat. No. 4,747,096, and facsimile demodu-
lators 67 with optional Forward Error Correction elements
(FEC) 69. as described hereinbelow.

Each facsimile demodulator 67 demodulates the 64 kbit/s
PCM bit stream received from the DSI switch 56, thus
reconstructing the original scanned and encoded bit stream
produced by the facsimile machine 10. The optional FEC 69
adds error correction information to the sigral to increase
the rate of the signal from up to 9.6 kbit/s to 16 kbit/s. a rate
which is a submultiple of the 64 kbit/s standard rate or the
bearer bit stream.

Multiplexer 31 comprises a buffer memory 68 which
combines the outputs of the signal compression assembly 64
into one 2.048 Mbit/s bearer signal. According to the traffic
on the transmission network, it will assign nibble time slots

10

15

20

25

30

35

45

50

55

65

8

to compressed speech and voiceband data signals and the
appropriately sized time slots to demodulated facsimile
signals, as described hereinbelow.

According to an alternative embodiment of the present
invention, buffer memory 68 stores the output of the signal
compression assembly 64 and generates. typically every
packet interval of 16 msec, packets of typically 128 4 bit
samples with an additional 40 bits of packet header infor-
mation. It should be noted that under overload traffic
conditions. the number of bits for each sample will be
smaller due to the operation of the VBR 28.

Buffer memory 68 releases the packets under control of
the main CPU 44 which receives the speech, voiceband data
and facsimile signal activity information from SPD and tone
detector 52 and facsimile detector 53 every packet interval
and assigns bearer bit portions to each active trunk channel.

Reference is now made to FIG. 3 which illustrates the
elements of the facsimile demodulator 67 and or the optional
FEC 69. According to a preferred embodiment of the
invention, facsimile demodulator 67 comprises a plurality of
facsimile demodulators 126, such as the R96MFX Monofax
from Rockwell International, and a plurality of PCM decod-
ers 128 where each PCM decoder 128 is directly connected
to a facsimile demodulator 126. A typical transmission
apparatus will comprise 40 facsimile demodulators 126 and
40 PCM decoders 128. It will be appreciated that the 40
facsimile demodulators 126 and 40 PCM decoders 128 are
needed in order to decode and demodulate facsimile signals
from 31 incoming facsimile trunk channels due to the initial
overhead of the five demodulators 126.

At the beginning or each signal burst for a trunk channel
marked as carrying a 64 kbit/s facsimile transmission, one
incoming time slot is routed to typically five PCM decoders
128 via a facsimile transmit TSI (TTSI) 124, such as the
PEB 2040 PCM Switch from Siemens. TTSI 124 typically
selects the five PCM decoders 128 based on which five
facsimile demodulators 126 are currently available.

According to a preferred embodiment of the invention.
each PCM decoder 128 converts the incoming PCM signal
to the original analog telephone waveform and sends the
resultant signal to its corresponding facsimile demodulator
126. It will be appreciated that the PCM decoders 128 are
included in order to utilize inexpensive facsimile demodu-
lators 126, such as the Rockwell RO6MFX, specifically
designed for facsimile machines.

Each of the five facsimile demodulators 126 is tuned to
one of the five standard modes of operation for facsimile
data, that is, 2.4 or 4.8 kbit/s modulated according Rec. V.27
ter, 7.2 or 9.6 kbit/s modulated according to Rec. V.29 or 300
bit/s, modulated according to Rec. V.21. Each demodulates
the analog telephone waveform it receives from its PCM
decoder 128 in an attempt to identify the mode of operation
by which the present portion of the facsimile transmission is
modulated.

It will be appreciated that it is possible to analyze the
facsimile transmission with one facsimile demodulator 126
by utilizing the facsimile demodulator 126 specifically
designed for use in facsimile machines 10 to interpret the
300 bit/s protocol between pages which indicate which
mode of operation will be used for scanning and encoding
the following page. This method has one drawback in that
CCITT Red Book Rec. T.30 allows for non-standard proto-
cols between facsimile machines 10.

Thus, a facsimile demodulation system which utilizes one
standard facsimile demodulator 126 per facsimile transmis-
sion might be unable to interpret the non-standard protocols
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and thus, be unable to demodulate facsimile transmissions.
Therefore, according to a preferred embodiment of the
present invention. five facsimile demodulators 126 are uti-
lized to identify the mode of operation of every portion of a
facsimile transmission whether it be the 300 bit/s standard or
non-standard dialog or the up to 9.6 kbit/s page transmis-
sion.

The demodulated data are sent to a buffer 130 and stored
there until the demodulator tuned to the correct bit rate and
mode of operation is identified. The identification typically
takes 0.3 seconds to achieve a positive identification of
either a V.29 or V.21 modem by a given demodulator, after
which the remaining four demodulators 126 are available
and the data they produced in buffer 130 is ignored. Should
no positive identification of either the V.29 or V.21 modems
is made during the 0.3 second interval and if during this
interval an 1800 Hz tone is detected, then the two demodu-
lators which are tuned to the two alternative transmission
rates of the V.27 modem continue to operate. Once positive
identification is made by either of those two demodulators,
the demodulator which did not make a positive identification
becomes available and its output in the buffer 130 is ignored.

The identifying demodulator 126 continues demodulating
the signal and sending it to the buffer 130 until the signal
terminates, typically at the end of the transmission of one
page or at the end of a 300 bit/s message transmission.

It is a particular feature of the present invention that
notwithstanding the different times needed to detect the
various modems and notwithstanding that detection of the
V.27 modem requires more than 0.3 seconds, a 0.3 second
delay is sufficient to avoid loss of the beginning of the
transmitted signal. This is achieved by commencing trans-
mission of the training sequence characteristic of the V.27
modem once identification of the 1800 Hz signal is made but
before positive identification of which transmission mode
(i.e. 4.8 or 2.4 kbit/s) has been made.

The buffer 130 is operative to receive the data from the
facsimile demodulators 126 as 8 bit words and to organize
it such that. on average, a 9.6 kbit/s bit stream is sent. If the
demodulated information is at a rate less than the maximal
9.6 kbit/s, then the data rate is increased to 9.6 kbit/s by
dummy bit insertion.

The buffer 130 achieves the 9.6 kbit/s average bit stream
by ensuring that generally 48 bits are sent within millisec-
onds. The 48 bits are organized such that at every
millisecond, either 10 bits or 9 bits are transmitted. Thus, in
each millisecond, three channels of facsimile data are mul-
tiplexed into 32 bits, transmitted in § sarnpling frames as 4
bit nibbles per frame.

1t should be noted that the remaining 2 to 5 bits of the 32
bits in each millisecond. depending on the number of bits
sent per each facsimile channel. are dummy bits. This
method achieves a 6:1 compression ratio, i.e. transmission
of 6 trunks of 64 kbit/s PCM signals via a single 64 kbit/s
time slot in the bearer bit stream.

A selector 136 selects, under control of a facsimile
transmit CPU (TCPU) 134, the correctly demodulated and
multiplexed signals stored in buffer 130 sends them to
multiplexer 31 as one partly populated 2.048 Mbit/s digital
bit stream.

According to an alternative embodiment of the invention,
the signal from the selector 136 is routed through FEC 69
which adds forward error correction to the 9.6 kbit/s signal,
typically using the Hamming (15.11) code. Thus, to the 10
or 9 bits, described hereinabove, are added 1 or 2 dummy
bits, respectively, where one of the bits serves as a message
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bit to indicate the number of original bits. to produce 11 bits,
another 4 of error correction based on the Hamming (15.11)
code, and a final dummy bit to increase the bit count to 16.
Thus, two channels of facsimile data are multiplexed into a
32 kbit/s channel, producing a 4:1 compression ratio, i.e.
transmission of 4 trunks of 64 kbit/s PCM signals via a
single 64 kbit/s time slot in the bearer bit stream.

The operation of the facsimile demodulator 67 is con-
trolled by facsimile CPU 134 which polls the status of the
demodulators 126 via a status and control read/write 132,
selects five demodulators 126 upon reception of a signal
burst, tunes each one to a different standard mode of
operation. and indicates to TTSI 124 to switch the current
time slot to the five PCM decoders 128. Additionally, it
identifies the demodulator 126 which is tuned to the comrect
mode of operation and indicates to the selector 136 to
transmit the data from the identified demodulator 126 to the
buffer memory 68, or alternatively, to FEC 69 and from there
to buffer memory 68.

The facsimile CPU 134 additionally is connected to the
main CPU 44 which indicates to the facsimile CPU 134
which time slots have facsimile data in them. when the
facsimile signal burst commences or terminates. and when
the facsimile transmission is complete. The completion of a
facsimile transmission on a facsimile channel is defined
according to the following criteria:

1. A silence period lasting for at least 10 seconds is
detected by SPD and tone detector 52 (FIG. 2A); or

2. The five facsimile demodulators 126 attempting to
demodulate the facsimile transmission fail to do so within a
predetermined length of time, typically 500 ms.

If condition 1 is true. then main CPU 44 causes any
following signal bursts on that trunk channel to be switched
to an ADPCM encoder for speech. If condition 2 is true, the
trunk channel is switched to a data optimized ADPCM
encoder.

Reference is now made to FIG. 4. which illustrates in
clock diagram form certain elements of the reception end of
a telecommunication system pertaining to the present inven-
tion. The reception end corresponds to the mirror of the
functional block diagram of FIG. 1 and the signal progresses
from a BDLI, to a signal decompression umit. to DSI
circuitry and finally, to a TDLL as described in aforesaid
U.S. Pat. No. 4.747.096.

The receive circuitry of FIG. 4 comprises a message
receiver 94 (FIG. 3B) which looks for an exclusive message
identification code and the message contents following it.
Once detected. the message contents are transferred 1o the
main CPU 44 which decodes it to discover the location. on
the bearer bit stream, of the assigned bits for each com-
pressed trunk channel and the type of traffic. speech. voi-
ceband data or facsimile data, carried therein. As noted in
U.S. Pat. No. 4.747.096, the main CPU 44 controls both the
transmit and receive functions of the system and. in receive
mode., controls DSI switch 95 in accordance with the assign-
ment messages received.

The generally fully populated 2.048 Mbit/s delayed out-
put of receive delay 90 is supplied to a buffer memory 96
which forms part of signal decoding circuitry 98. The buffer
memory 96 outputs to a plurality of decoders 100, each
comprising voice ADPCM decoders 101, data optimized
ADPCM decoders 103, and facsimile encoders 105 with
optional Error Correction (EC) 107. and is controlled by the
main CPU 44 through control memory 97.

The received compressed signals are routed to the appro-
priate decoder type 101. 103 or 105, along 2.048 Mbit/s
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digital bit streams. in accordance with the messages
received. Each set of voice ADPCM decoders 101 and each
set of data optimized ADPCM decoders 103 can potentially
produce two 2.048 Mbit/s digital bit streams of 8-bit PCM
samples upon decoding one fully populated 2.048 Mbit/s
digital bit stream of compressed signals. Each set of fac-
simile encoders 105 can potentially produce one 2.048
Mbit/s digital bit stream of 8-bit PCM per sample channels
upon encoding one partly populated 2.048 Mbit/s digital bit
stream of 9.6 Kbit s demodulated facsimile signals, 6:1
decompression is provided when Error Correction EC 107 is
not implemented and 4:1 decompression is provided when
EC 107 is employed.

According to an alternative embodiment of the invention.
buffer memory 96 receives packets of samples of either
compressed speech. non-facsimile data or facsimile data.
Buffer memory 96 is operative to store the received packets
and to individually release the samples to the appropriate
one of the plurality of decoders 100.

The receive DSI 95 switch receives the 2.048 Mbit/s
digital streams of 8-bit PCM samples from the signal
decoders 100. They are switched to eight 2.048 Mbit/s bit
streams under control of CPU 44, in accordance with the
routing message received from the far end terminal.

Reference is now made to FIG. § which illustrates the
elements of the facsimile encoder 105 and of the optional EC
107. According to an alternate embodiment of the invention,
the EC 107 performs error correction on the 16 kbit/s
demodulated signal with error correction information
received from buffer memory 96. The EC 107 first strips the
signal of the dummy sixteenth bit. Using the Hamming
(15.11) code, the EC 107 corrects any errors produced by the
transmission and produces an 11 bit corrected signal. In
order to produce the original 10 or 9 bit signal. one or two
dummy bits. respectively, are subsequently stripped off,
according to the status of the message dummy bit. The
original 9 or 10 bit signal is sent to a buffer 140.

According to a preferred embodiment of the invention,
facsimile decoder 105 comprises a plurality of facsimile
modulators 142, such as the R96MFX Monofax from Rock-
well International, and a plurality of PCM coders 144, where
each PCM coder 144, is directly connected to a facsimile
modulator 142. A typical facsimile decoder 105 comprises
31 facsimile modulators 142 and 31 PCM coders 144.

The facsimile decoder 105 operates as follows. The 9.6
kbit/s signal is received by butter 140 as sequences of 9 or
10 bits. Buffer 140 stores the bits as they arrive and rebuilds
the signal as an 8 bit signal which it then sends to a facsimile
modulator 142 which has been tuned. by a facsimile Receive
CPU (RCPU) 146. to the mode of operation by which the
signal was demodulated on the transmit side. If the received
facsimile data was originally scanned and encoded at a rate
lower than 9.6 kbit/s, then the additional dummy bits are
stripped in the buffer 140 and the 8 bit signal is sent to a
facsimile modulator at a respectively lower rate.

The analog telephone waveform resulting from the fac-
simile modulator 142 is then sent to the corresponding PCM
coder 144 which encodes the analog signal as a PCM signal.
The plurality of PCM signals produced by the PCM decod-
ers 144 are routed to the appropriate time slot in the trunk bit
stream by a facsimile Receive TSI (RTSI) 148. such as the
PEB 2040 PCM Switch from Siemens.

According to a preferred embodiment of the invention,
facsimile RCPU 146 is operative to indicate to the buffer 140
how to rebuild the 8 bit signal and to which facsimile
modulator 142 to send the rebuilt signal. It also tunes the
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selected facsimile modulator 142 to the correct mode of
operation according to directions received from the main
CPU 44. Finally. it indicates to the facsimile RTSI 148 the
time slots on the trunk bit stream corresponding to the
outputs of the plurality of PCM coders 144.

It will be appreciated that a facsimile compression system
such as described hereinabove can be constructed outside of
an telecommunication system using elements functionally
similar to those described hereinabove. However, incorpo-
rating such a system within an existing system, such as a
digital circuit multiplication system or a speech packetiza-
tion system. reduces the number of new elements which
must be built since many of the necessary elements are
already incorporated into the existing system.

We claim:

1. A telecommunication system for interconnecting a
plurality of telephone communication trunks. carrying
voice, facsimile and non-facsimile voiceband data signals, to
a transmission network, said system comprising:

transmission means at at least a first end of said trans-

mission network including;

means for detecting facsimile signals, as distinguished

from other voiceband data signals, on said plurality of
telephone communications trunks;

means for demodulating only said facsimile signals;

means for transmitting along said transmission network.

in demodulated form. the facsimile signal output of the
means for demodulating; and

receiving means at at least a second end of the transmis-

sion network including:

means for modulating said facsimile signals received

along said transmission network.

2. A telecommunication system according to claim 1 and
wherein

said transmission means also comprises:

means for detecting other signals;

means for compressing said other signals; and

means for transmitting said other signals along said
transmission network; and

said receiving means also comprises:

means for receiving said other signals transmitted along
the transmission network; and
means for decompressing said other signals.

3. A telecommunication system according to claim 1 and
wherein said transmission means also comprising means for
determining the mode of operation of the detected facsimile
signals.

4. A telecommunication system according to claim 2 and
wherein said transmission means also comprising means for
determining the mode of operation of the detected facsimile
signals.

5. A telecommunication system according to claim 3 and
wherein said transmission means also comprises means for
transmitting to said receiving means over said transmission
network an indication of the mode of operation of the
detected facsimile signals.

6. A telecommunication systemn according to claim 4 and
wherein said transmission means also comprises means for
transmitting to said receiving means over said transmission
network an indication of the mode of operation of the
detected facsimile signals.

7. A telecommunication system according to claim 5 and
wherein said receiving means comprises means responsive
to a received indication of the mode of operation of the
detected facsimile signals to cause said means for modulat-
ing to operate in a corresponding mode of operation.
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8. A telecommunication system according to claim 6 and
wherein said receiving means comprises means responsive
to a received indication of the mode of operation of the
detected facsimile signals to cause said means for modulat-
ing to operate in a corresponding mode of operation.

9. A telecommunication system according to claim 2 and
wherein said transmission means also comprises means for
transmitting to the receiving means an indication of the
nature of the signals transmitted thereby as facsimile signals
or other signals.

10. A telecommunication system according to claim 9 and
and wherein said receiving means also comprises means for
receiving said indication of the nature of the signals and for
causing the operation of said means for modulating and said
means for decompressing accordingly.

11. A system according to claim 2 and wherein said other
signals comprise voice signals and voiceband data signals,
said means for compressing comprise means for compress-
ing said voice signals and means for compressing said
voiceband data signals and said means for decompressing
comprise means for decompressing said voice signals and
means for decompressing said voiceband data signals.

12. A system according to claim 9 and wherein said other
signals comprise voice signals and voiceband data signals.
said means for compressing comprise means for compress-
ing said voice signals and means for compressing said
voiceband data signals and said means for decompressing
comprise means for decompressing said voice signals and
means for decompressing said voiceband data signals.

13. A system according to claim 10 and wherein said other
signals comprise voice signals and voiceband data signals,
said means for compressing comprise means for compress-
ing said voice signals and means for compressing said
voiceband data signals and said means for decompressing
comprise means for decompressing said voice signals and
means for decompressing said voiceband data signals.

14. A system according to claim 1 and wherein said
facsimile signals are Group 3 facsimile signals.

15. A system according to claim 1 and wherein said means
for detecting the presence of facsimile signals comprises
means for detecting a sequence of flag characters in Group
3 facsimile binary coded signaling signals.

16. A system according to claim 3 and wherein said means
for determining the mode of operation comprises:

a plurality of facsimile demodulators, each being pro-
grammed to demodulate at least one expected modem
signal according to the Group 3 facsimile standard;

means for initially supplying meaning selected facsimile
signals simultaneously to said plurality of facsimile
demodulators; and

means for determining which of said plurality of facsimile
demodulators initially successfully demodulates an
incoming selected facsimile signal.

17. A system according to claim 4 and wherein said means

for determining the mode of operation comprises:

a plurality of facsimile demodulators. each being pro-
grammed to demodulate at least one expected modem
signal according to the Group 3 facsimile standard;

means for initially supplying incoming selected facsimile
signals simultaneously to said plurality of facsimile
demodulators; and

means for determining which of said plurality of facsimile
demodulators initially successfully demodulates an
incoming selected facsimile signal.

18. A system according to claim 16 and wherein said

means for demodulating comprises:
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means for utilizing the facsimile demodulator which
initially successfully demodulates an incoming selected
facsimile signal for continuing demodulation of said
incoming selected facsimile signal.

19. A system according to claim 17 and wherein said
means for demodulating comprises:

means for utilizing the facsimile demodulator which

initially successfully demodulates an incoming selected
facsimile signal for continuing demodulation of said
incoming selected facsimile signal.

20. A system according to claim 16 and wherein said
plurality of facsimile demodulators include V.29, V.21 and
V.27 demodulators.

21. A system according to claim 17 and wherein said
plurality of facsimile demodulators include V.29, V.21 and
V.27 demodulators.

22. A system according to claim 20 and and also com-
prising a buffer providing a predetermined delay for receiv-
ing the outputs of said plurality of facsimile demodulators
and wherein positive identification of the transmission rate
of a V.27 modem signals by a V.27 demodulator takes place
after said predetermined delay.

23. A system according to claim 21 and and also com-
prising a buffer providing a predetermined delay for receiv-
ing the outputs of said plurality of facsimile demodulators
and wherein positive identification of the transmission rate
of a V.27 modem signal by a V.27 demodulator takes place
after said predetermined delay.

24. A system according to claim 22 and wherein upon
detection of a V.27 modem carrier but before positive
identification of its transmission rate. said buffer is operative
to transmit at least part of said V.27 modem carrier.

25. A system according to claim 23 and wherein upon
detection of a V.27 model carrier but before positive iden-
tification of its transmission rate, said buffer is operative to
transmit at least part of said V.27 modem carrier.

26. A system according to claim 1 and wherein said
demodulating means comprises facsimile signal demodula-
tor and forward error correction means wherein said forward
error correction means are operative to protect the output of
said facsimile demodulator.

27. A telecommunication compressing system for inter-
connecting a first plurality of telephone communication
channels, carrying voice, facsimile and non-facsimile voi-
ceband data signals. to a transmission network comprising a
second plurality of transmission channels, said system com-
prising:

transmission means at at least a first end of said trans-

mission network including:

means for detecting signals on said first plurality of

telephone communication channels and means for
assigning each telephone communication channel to an
available one of the second plurality of transmission
channels;

means for classifying said signals on said first plurality of

telephone communication channels at least as selected
facsimile signals and other signals;

first means for demodulating only said selected facsimile

signals, as distinguished from other voiceband data
signals;

second means for compressing said other signals;

means for connecting said demodulated facsimile signals

and said compressed other signals to the second plu-
rality of transmission channels;

means for communicating the assignment and the classi-

fication of said signals on said second plurality of
transmission channels along said transmission network;
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receiving means at at least a second end of the transmis-
sion network including:

means for receiving communications from said means for
communicating for determining the assignment and the
classification of said second plurality of signals
received along said transmission network;

third means for modulating said selected facsimile signals
received along said transmission network;

fourth means for decompressing said other signals

received along said transmission network; and

means for connecting said signals on said second plurality

or transmission channels to said third means for modu-

lating and said fourth means for decompressing accord-
ing to the classification thereof of said signals.

28. A system according to claim 1 and wherein said means
for detecting facsimile signals is operative for detection of
facsimile signals including signals which do not conform to
CCITT recommendation T.30.

29. A system according to claim 2 and also comprising
means responsive to said means for detecting facsimile
signals and to said means for detecting other signals for
switching signals received along the telephone communica-
tion trunks to either said means for demodulating facsimile
signals or to said means for compressing other signals.

30. A system according to claim 29 and wherein said
means for switching is operative during a silent period
occurring during facsimile “handshake”.

31. A system according to claim 29 and wherein said
switching means is operative to switch signals received
along the telephone communication trunks to said means for
compressing other signals when said plurality of facsimile
demodulators fail to make a positive identification of a
facsimile signal over a predetermined interval.

32. A relecommunication system for interconnecting a
plurality of telephone communication trunks, carrying
voice, facsimile and non-facsimile voiceband data signals to
a transmission network, the system comprising:

a transmitter at at least a first end of the transmission

network including:

at least one detector which receives signals from said
plurality of communication trunks and which detects
facsimile signals thereon, as distinguished from
other voiceband data signals by detecting a signal
unique to facsimile signals;

at least one demodulator which receives facsimile
signals and demodulates at least some of the fac-
simile signals detected by the detector to produce
demodulated facsimile signals; and

an interface which receives the demodulated facsimile
signals and transfers them to the transmission net-
work.

33. A system according to claim 32 and further compris-
ing:

a receiver at at least a second end of the transmission

network including:

a modulator which receives demodulated facsimile
signals transmitted along the transmission network
and modulates them to produce voiceband facsimile
signals.

34. A system according to claim 32, wherein the demodu-
lator is operative to demodulate only facsimile signals.

35. A system according to claim 32, wherein the detector
detects a signal sequence characteristic of a plurality of
facsimile modes of operation.

36. A system according to claim 32 wherein the demodu-
lator comprises:
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a plurality of facsimile demodulators which receive a
detected facsimile signal, each facsimile demodulator
being programed to demodulate said facsimile signal
according to a predetermined facsimile mode;

a second detector which receives the outputs of said
facsimile detectors and detects which of the plurality of
facsimile demodulators successfully demodulates an
incoming facsimile signal.

37. A system according to claim 36 wherein the plurality
of facsimile demodulators includes V.29, V.21 and V.27
demodulators.

38. A system according to claim 37 and also comprising
a buffer providing a predetermined delay for receiving the
outputs of said plurality of facsimile demodulators and
wherein positive identification of the transmission rate of a
V.27 modem signal by a V.27 demodulator takes place after
said predetermined delay.

39. A system according to claim 38, wherein upon detec-
tion of a V.27 modem carrier but before positive identifica-
tion of its fransmission rate, said buffer is operative to
transmit at least part of the V.27 modem carrier.

40. A system according to claim 32 wherein the transmis-
sion system also includes: a signal compressor which com-
presses signals other than those detected by said detector,
and wherein said interface transmits said other signals
along said transmission network.

41. A system according to claim 40 and also comprising:

a switch, responsive to the detector, which switches sig-
nals received along the telephone communication
trunks to either said demodulator or said compressor.

42, A system according to claim 36 and also comprising:

a switch, responsive to the detector, which switches sig-
nals received along the telephone communication
trunks to either said demodulator or said compressor.

43. A system according to claim 42 wherein said switch is
operative to switch said detected signals to said compressor
when the second detector fails to make positive identification
of the mode of a facsimile signal during a predetermined
interval.

44, A system according to claim 43 wherein said switch is
operative to switch signals to said means for demodulating
only during a silent period occurring during facsimile
handshake.

45. A system according to claim 40 wherein:

the compressor is operative to compresses said other
signals in accordance with their classification; and

the transmitter is operative to transmit said classification
of the signals on the transmission network.

46. A system according to claim 32, wherein the trans-
mission network comprises a plurality of transmission
channels, and further comprising:

a router which assigns at least one of the signals received
by the transmission system from the plurality of com-
munication trunks to one of the transmission channels,
wherein the transmitter communicates the assignment
and optionally other information regarding the signals
along the transmission network.

47. A method for interconnecting a plurality of telephone
communication trunks carrying voice, facsimile and non-
facsimile voiceband data signals, to a transmission network,
the method comprising:

detecting facsimile signals, as distinguished from other
voiceband data signals received from the plurality of
telephone communication trunks;

demodulating only detected facsimile signals to form
demodulated facsimile signals; and
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transmitting the demodulated facsimile signals along the

transmission network.
48. A method according to claim 47 wherein the detection
of the facsimile signals comprises detecting a signal
sequence characteristic of a plurality of facsimile modes of
operation.
49. A method according to claim 47 wherein modulating
only detected facsimile signals comprises determining the
mode of operation of the detected facsimile signals.
50. A method according to claim 49 wherein the deter-
mination of the mode of operation comprises:
supplying an incoming detected facsimile signal simuita-
neously to a plurality of facsimile demodulators, each
being programed to demodulate at least one expected
modem signal according to a facsimile mode; and

determining which of the plurality of facsimile demodu-
lators successfully demodulates an incoming selected
Jacsimile signal.

51. A method for interconnecting a plurality of telephone
communication trunks carrying voice, facsimile and non-
facsimile voiceband data signals, to a transmission network,
the method comprising:

detecting facsimile signals, as distinguished from other

voiceband data signals received from the plurality of
telephone communication trunks by detecting a signal
sequence characteristic only of facsimile signals;
demodulating at least some of said detected facsimile
signals to form demodulated facsimile signals; and

transmitting the demodulated facsimile signals along a

transmission network.
52. A method according to claim 51 wherein the detection
of the facsimile signals comprises detecting a signal
sequence characteristic of a plurality of facsimile modes of
operation.
53. A method according 1o claim 51 wherein modulating
only detected facsimile signals comprises determining the
mode of operation of the detected facsimile signals.
54. A method according to claim 53 wherein the deter-
mination of the mode of operation comprises:
supplying an incoming detected facsimile signal simulta-
neously to a plurality of facsimile demodulators, each
being programed to demodulate at least one expected
modem signal according to a facsimile mode; and

determining which of the plurality of facsimile demodu-
lators successfully demodulates an incoming selected
facsimile signal.

55. A telecommunication system for interconnecting a
plurality of telephone communication trunks, carrying
voice, facsimile and non-facsimile voiceband dara signals to
a transmission network, the system comprising:

a transmitter at at least a first end of the transmission

network including:
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a demodulator which receives facsimile signals and
demodulates at least some of the facsimile signals to
produce demodulated facsimile signals, including:
a plurality of facsimile demodulators which receive
a detected facsimile signal said plurality of fac-
simile demodulators being programed to demodu-
late said facsimile signal according to different
predetermined facsimile modes; and

a detector which receives the outputs of said plural-
ity of facsimile demodulators and detects which of
the plurality of facsimile demodulators success-
fully demodulates an incoming facsimile signal;
and

an interface which receives the demodulated facsimile

signals and transfers them to the transmission network.

56. A system according to claim 55 wherein the plurality
of facsimile demodulators includes V.29, V21 and V.27
demodulators.

57. A system according to claim 55 and also comprising
a buffer providing a predetermined delay for receiving the
outputs of said plurality of facsimile demodulators and
wherein positive identification of the transmission rate of a
V.27 modem signal by a V.27 demodulator takes place after
said predetermined delay.

58. A system according to claim 57, wherein upon detec-
tion of a V.27 modem carrier but before positive identifica-
tion of its transmission rate, said buffer is operative to
transmit at least part of the V.27 modem carrier.

59. A system according to claim 55 and also including a
facsimile detector which receives signals from said plurality
of communication trunks and which detects facsimile signals
thereon, as distinguished from other voiceband data signals
by detecting a signal unique to facsimile signals.

60. A system according to claim 59 wherein said facsimile
detector is operative for detection of facsimile signals which
do not conform to CCITT recommendation T.30.

61. A telecommunication system for interconnecting a
plurality of telephone communication trunks, carrying
voice, facsimile, and non-facsimile voiceband data signals
to a transmission network, the system comprising:

a transmitter at at least a first end of the transmission

network including:

at least one detector which receives signals from said
plurality of communication trunks and which detects
facsimile signals thereon, as distinguished from
other voiceband data signals;

at least one demodulator which receives facsimile
signals and demodulates only facsimile signals
detected by the detector to produce demodulated
Jacsimile signals; and

an interface which receives the demodulated facsimile
signals and transfers them to the transmission net-
work.



