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ENSEMBLE MObEM STRUCTURE FOR
IMPERFECT TRANSMISSION MEDIA

BACKGROUND OF THE INVENTION
1. Field of the Invention:
The invention relates generally to the field

of data communications and, more particularly, to a
high speed modem.
2. Description of the Prior Art:

Recently, specially designed telephone lines .
for the direct transmission of digital data have been
introduced. However, the vast majority of telephone
lines are designed to carry analog voice frequency (VF)
signals. Modems are utilized to modulate VF carrier
signals to encode digital information on the VF carrier
signals and to demodulate the signals to decode the
digital information carried by the signal.

Existing VF telephone lines have several
limitations that degrade the performance of modems and
limit the rate at which data can be transmitted below
desired error rates. These limitations include the
presence of frequency dependent noise on the VF tele-
prhone lines, a frequency dependent phase delay induced
by the VF telephone lines, and frequency dependent sig-
nal loss. » -

Generally, the usable band of a VF telephone
line is from slightly above zero to about four kHz.

The power spectrum of the line noise is not uniformly
distributed over frequency and is generally not deter-
minative. Thus, there is no a priori method for deter-
mining the distribution of the noise spectrum over the
usable bandwidth of the VF line.

Additionally, a frequehcy—dependent propaga-
tion delay is induced by the VF telephone line. Thus,
for a complex multi-frequency signal, a phase delay
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between the various components of the signal will be
induced by the VF telephone line. Again, this phase
delay is not determinative and must be measured for an
individual VF telephone line at the specific time that
transmission takes place. ,
Further, the signal loss over the VF
telephone line varies with frequency. The equivalent
noise is the noise spectrum component added to the
signal loss component for each carrier frequency, where
both components are measured in decibels (dB).
Generally, prior art modems compensate for

equivalent line noise and signal loss by gear-shifting

the data rate down to achieve a satisfactory error
rate. For example, in U.S. patent 4,438,511, by Baran,
a high speed modem designated SM9600 Super Modem
manufactured by Gandalf Data, Inc., is described. 1In
the presence of noise impairment, the SM9600 will "gear
shift" or drop back its transmitted data rate to 4800
bps or 2400 bps. The system described in the Baran
patent transmits data over 64 orthogonally modulated
carriers. The Baran system compensates for the frequency
dependent nature of the noise on the VF line by termi-
nating transmission on carriers having the same frequency
as the frequency of large noise components on the line.
Thus, Baran gracefully deérades its throughput by ceas-
ing to transmit on carrier frequencies at the highest
points of the VF line noise spectrum. The Baran system
essentially makes a go/no go decision for each carrier
signal, depending on the distribution of the VF line
noise spectrum. This application reflects a continua-
tion of the effort initiated by Baran. .
Most prior art systems compensate for fre-
quency dependent phase delay induced by the VF line by
an equalization system. The largest phase delay is
induced in frequency components near the edges of the
usable band. Accordingly, the frequency components
near the center of the band are delayed to allow the
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frequency components at the outside of the band to
catch up. Equalization generally requires additional
circuitry to accomplish the above-described delays.

A further problem associated with two way
transmission over the VF telephone line is that inter-
ference between the outgoing and incoming signals is
possible. Generally, separation and isolation between
the two signals is achieved in one of three ways:

(a) Frequency multiplexing in which different
frequencies are used for the different signals. This

method is common in modem-based telecommunication sys-

tems.

(b) Time multiplexing, in which different
time segments are used for the different signals. This
method is often used in half-duplex systems in which a
transmitter relinquishes a channel only after sending
all the data it has. And,

(c) Code multiplexing, in which the signals
are sent using orthogeonal codes.

All of the above-described systems divide the
space available according to constant proportions fixed
during the initial system design. These constant
proportions, however, may not be suitable to actual
traffic load problem presented to each modem. For
example, a clerk at a PC work station connected to a
remote host computer may type ten or twenty characters
and receive a full screen in return. 1In this case,
constant proportions allocating the channel equally
between the send and receive modems would greatly
overallocate the channel to the PC work station clerk.
Accordingly, a modem that allocates channel capacity
according to the needs of the actual traffic load
situation would greatly increase the efficient
utilization of the channel capacity.
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SUMMARY OF THE INVENTION

The present invention is a high-speed modem
for use with dial-up VF telephone lines. The modem -
utilizes a multicarrier modulation scheme and variably
allocates data and power to the various carriers to
maximize the overall data transmission rate. The
allocation of power among'the carriers is subject to
the constraint that the total power allocated must not
exceed a specified limit.

' In a preferred embodiment, the modem further
includes a variable allocation system for sharing con-
trol of a communication link between two modems (A and
B) according to actual user requirements.

Another aspect of the invention is a system
for compensating for frequency dependent phase delay
and preventing intersymbol interference that does not
require an equalization network.

According to one aspect of the invention,
guadrature amplitude modulation (QAM) is utilized to
encode data elements of varying complexity on each
carrier. The equivalent noise component at each
carrier frequency is measured over a communication link
between two modems (A and B).

As is known in the art, if the bit error rate
(BER) is to be maintained below a specified ievel, then
the power required to transmit a data element of a
given complexity on a given carrier frequency must be
increased if the equivalent noise component at that
frequency increases. Equivalently, to increase data
complexity, the signal to noise ratio, S/N, must be
increased. o ‘

In one embodiment of the present invention,
data and power are allocated to maximize the overall
data rate within external BER and total available power

@

constraints. The power allocation system computes the
marginal required power to increase the symbol rate on
each carrier from n to n + 1 information units. The
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system then allocates information units to the carrier
that requires the least additional power to increase
its symbol rate by one information unit. Because the
marginal powers are dependent on the values of the
equivalent noise spectrum of the particular established
transmission link, the allocation of power and data is
specifically tailored to compensate for noise over this
particular link.

According to another aspect of the invention,
a first section of the symbol on each carrier is
retransmitted to form a guard-time waveform of duration
Ty + Tpy Where T, is the duration of the symbol and TfH
is the duration of the first section. The magnitude of
Toy is greater than or egqual to the maximum estimated
phase delay for any frequency component of the
waveform. For example, if the symbol is represented by
the time series, Xy ~o- X _qv transmitted in time Tgi
then the guardtime waveform is represented by the time
series, Ry -« X g7 Xg oo X 4y transmitted in time
'1'E + TPH' The ratio that m bears to n is equal to the
ratio that Toy bears to Tg-

At the receiving modem, the. time of arrival,
Ty of the first frequency component of the guard-time
waveform is determined. A sampling period, of dura-

tion T

pr is initiated a time T, + T

Accordingly, the entire s?gbol on each carrier
frequency is sampled and intersymbol interférence is '
eliminated.

According to a still further aspect of the
invention, allocation of control to the transmission
link between modems A and B is accomplished by setting
limits to the number of packets that each modem may
transmit during one transmission cycle. A packet of
information comprises the data encoded on the ensemble
of carriers comprising one waveform. Each modem is also
constrained to transmit a minimum number of packets to
maintain the communication link between the modems.
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Thus, even if one modem has no data to transmit, the
minimum packets maintain timing and other parameters
are transmitted. On the other hand, if the volume of

5 data for a modem is large, it is constrained to transmit
only the maximum limited number of packets, N, before
relinquishing control to the other modem.

In practice, if modem A has a small volume of

data and modem B has a large volume of data, modem B

10 will have control of the transmission link most of the
time. If control is first allocated to modem A it will
only transmit the minimal number, I, of packets. Thus
A has control for only a short time. Contrcl is then )
allocated to B which transmits N packets, where N may

15 be very large. Control is again allocated to modem A
which transmits I packets before returning control to
B.

Thus, allocation of control is proportional
to the ratio of I to N. If the transmission of the

20 volume of data on modem A requires L packets, where L
is between I and N, then the allocation is proportional
to the ratio of L to N. Accordingly, allccation of the
transmission link varies according to the actual needs
of the user.

25 Additionally, the maximum number of packets,
N, need not be thé same for each modem, but may be
varied to accommodate known disproportions in the data
to be transmitted by A and B modems. N -

According to another aspect of the invention,

30 signal loss and frequency offset are measured prior to
data determination. A tracking system determines
variations from the measured values and compensates for
these deviations.

According to a further aspect of the inven-

35 tion, a system for determining a precise value of TO
is included. This system utilizes two timing signals,
at fl and f£,, incorporated in a waveform transmitted

from modem A at time Ty- The relative phase difference
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between the first and second timing signals at time Tp

is zero.
The waveform is received at modem B and a
5 rough estimate, TEST' of the time of reception is
obtained by detecting energy at fl. The relative phase
difference between the timing signals at time T

EST
utilized to obtain a precise timing reference, Tg-

is

BRIEF DESCRIPTION OF THE DRAWINGS

10 Fig. 1 is a graph of the ensemble of carrier
frequencies utilized in the present invention.

Fig. 2 is a graph of the constellation illus-
trating the QAM of each carrier.

Fig. 3 is a block diagram of an émbodiment of

15 the invention.

Fig. 4 is a flow chart illustrating the syn-
chronization process of the present invention.

Fig. 5 is a series of graphs depicting the
constellations for 0, 2, 4, 5, 6 bit data elements and

20 exemplary signal to noise ratios and power levels for
each constellation.

Fig. 6 is a graph illustrating the waterfill-
ing algorithm.

Fig. 7 is a histogram illustrating the appli-

25 cation of the waterfilliné algorithm utilized in the
present invention.

Fig. 8 is a graph depicting the effects of
phase dependent frequency delay on frequency components
in the ensemble.

30 Fig. 9 is a graph depicting the wave forms
utilized in the present invention to prevent inter-
symbol interference. .

Fig. 10 is a graph depicting the method of
receiving the transmitted ensemble.

35 Fig. 11 is a schematic diagram depicting the
modulation template.
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Fig. 12 is a schematic diagram depicting the
quadrants of one square in the modulation template.

Fig. 13 is a schematic diagram of a hardware -
embodiment of the present invention.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS

The present invention is a modem that
adaptively allocates power between various carrier
frequencies in a frequency ensemble to compensate for
frequency dependent line noise, eliminates the need for
equalization circuitry to compensate for a frequency
dependent phase delay, and provides a duplex mechanism
that accounts for varying channel load conditions to
allocate the channel between the send and receive
modems. Additional features of the invention are de-
scribed below.

A brief description of the frequency ensemble
and modulation scheme utilized in the present invention
is first presented with respect to Figs. 1 and 2 to
facilitate the understanding of the invention. A
specific embodiment of the invention is then described
with reference to Fig. 3. Finally, the operation of
various features of the invention are described with
reference to Figs. 4 through 13.

Modulation and Eﬁsemble Configuration

Referring now to Fig. 1, a diagrammatic
representation is shown of the transmit ensemble 10 of -

the present invention. The ensemble includes 512 car-
rier frequencies 12 equally spaced across the available
4 kHz VF band. The present invention utilizes
quadrature amplitude modulation (QAM) wherein phase
independent sine and cosine signals at each carrier
frequency are transmitted. The digital information
transmitted at a given carrier frequency is encoded by
amplitude modulating the independent sine and cosine
signals at that frequency.
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The QAM system transmits data at an overall
bit rate, R,. However, the transmission rate on each
carrier, denoted the symbol or baud rate, Rg, is only a
fraction of RB' For example, if data were allocated
equally between two carriers then Ry = RB/Z.

In the preferred embodiment 0, 2, 4, 5 or 6
bit data elements are encoded on each carrier and the
modulation of each carrier is changed every 136 msec.

A theoretical maximum, Ry, assuming a 6 bit Rg for each
carrier, of 22,580 bit/sec (bps) results. A typical
relizable RS’ assuming 4 bit Rs over 75% of the
carriers, is equal to about 11,300 bps. This extremely
high Rg is achieved with a bit error rate of less than
1 error/100,000 bits transmitted.

In Fig. 1, a plurality of vertical lines 14
separates each ensemble into time increments known
hereafter as "epochs." The epoch is of duration T
where the magnitude of TE is determined as set forth
below.

The QAM system for encoding digital data onto
the various carrier frequencies will now be described
with reference to Fig. 2. In Fig. 2 a four bit "con-
stellation" 20 for the nth carrier is depicted. A four
bit number may assume sixteen discrete values. Each
point in the constellation represents a vector (xn,yn)
with X being the amplitude of the sine signal and Yn
being the amplitude of the cosine signal in the above-~
described QAM system. The subscript n indicates the
carrier being modulated. Accordingly, the four bit
constellation requires four discrete ¥, and four dis-
crete 2 values. As described more fully below,
increased power is required to increase the number of
bits transmitted at a given carrier frequency due to
the equivalent noise component at that frequency. The
receive modem, in the case of four bit transmission,
must be able to discriminate between four possible

values of the X, and Y amplitude coefficients. This
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ability to discriminate is dependent on the signal to
noise ratio for a given carrier frequéncy.

In a preferred embodiment, packet technology
is utilized to reduce the error rate. A packet includes
the modulated epoch of carriers and error detection data.
Each packet in error is retransmitted until correct.
Alternatively, in systems where retransmission of data
is undesirable, epochs with forward error correcting
codes may be utilized.

Block Diagram

Fig. 3 is a block diagram of an embodiment of
the present invention. The description that follows is
of an originate modem 26 coupled to an originate end of

a communication link formed over a public switched
telephone line. It is understood that a communication
system also includes an answer modem coupled to the
answer end of the communication link. In the following
discussion, parts in the answer modem corresponding to
identical or similar parts in the originate modem will
be designated by the reference number of the originate
modem primed.

Referring now to Fig. 3, an incoming data
stream is received by a send system 28 of the modem 26
at data input 30. The data is stored as a sequence of
data bits in a buffer memory 32. The output of buffer
memory 32 is coupled to the input of a modulation
parameter generator 34. The output of the modulation -
parameter generator 34 is coupled to a vector table
buffer memory 36 with the vector table buffer memory 36
also coupled to the input of a modulator 40. The out-
put of the modulator 40 is coupled to a time sequence
buffer 42 with the time sequence buffer 42 also coupled
to the input of a digitél-to-analog converter 43 in-
cluded in an analog I/0 interface 44. The interface
44 couples the output of the modem to the public
switched telephone lines 48.
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A receive system 50 includes an analog-to-
digital converter (ADC) 52 coupled to the public switched
telephone line 48 and included in the interface 44. The

5 output from the ADC 52 is coupled to a receive time
series buffer 54 which is also coupled to the input of
a demodulator S56. The output of the demodulator 56 is
coupled to a receive vector table buffer 58 which is
also coupled to the input of a digital data generator

10 60. The digital data generator 60 has an output coupled
to a receive data bit buffer 62 which is also coupled to
an output terminal 64.

A control and scheduling unit 66 is coupled
with the modulation parameter generator 34, the vector

15 table buffer 36, the demodulator 56, and the receive
vector table buffer 58.

An overview of the functioning of the embodi-
ment depicted in Fig. 3 will now be presented. Prior
to the transmission of data, the originate modem 26, in

20 cooperation with the answer modem 26', measures the equi-
valent noise level at each carrier frequency, determines
the number of bits per epoch to be transmitted on each
carrier frequency, and allocates power to each carrier
frequency as described more fully below.

25 The incoming data is received at input port
30 and formatted into a bit sequence stored in the
input buffer 32.

The modulator 34 encodes a given number of

A bits intoc an (xn,yn) vector for each carrier frequency

30 utilizing the QAM system described above. For example,
if it were determined that four bits were to be trans-
mitted at frequency fn then four bits from the bit
stream would be converted to one of the sixteen points
in the four bit constellation of Fig. 2. Each of these

35 constellation points corresponds to one of sixteen pos-
sible combinations of four bits. The amplitudes of the
sine and cosine signals for frequency n then corresponds
to the point in the constellation encoding the four bits
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of the bit sequence. The (xn,yn) vectors are then
stored in the vector buffer table 36. The modulator
receives the table of (xn,yn) vectors for the carriers
in the ensemble and generates a digitally encoded time
series representing a wave form comprising the ensemble
of QAM carrier frequencieé,

In a preferred embodiment the modulator 40
includes a fast Fourier transform (FFT) and performs an
inverse FFT operation utilizing the (x,y) vectors as
the FFT coefficients. The vector table includes 1,024
independent points representing the 1,024 FFT points of
the 512 frequency constellation. The inverse FFT
operation generates 1,024 points in a time series
representing the QAM ensemble. The 1,024 elements of
this digitally encoded time series are stored in the
digital time series buffer 42. The digital time
sequence is converted to an analog wave form by the
analog to digital converter 43 and the interface 46
conditions the signal for transmission over the public
switched telephone lines 48. )

Turning now to the receive system 50, the
received analog waveform from the public switched tele-
phone lines 48 is conditioned by the interface 46 and
directed to the analog to digital converter 52. The
analog to digital converter 52 converts the analog
waveform to a digital 1,024 entry time series table
which is stored in the receive time series buffer 54. °
The demodulator 56 converts the 1,024 entry time series
table into a 512 entry (xn,yn) vector table stored in
the receive vector table buffer 58. This conversion is
accomplished by performing an FFT on the time series.
Note that information regarding the number of bits
encoded onto each frequency carrier has been previously
stored in the demodulator and digital data generator 60
so that the (Xx,y) table stored in the receive vector
table buffer 58 may be transformed to an output data
bit sequence by the digital data generator 60. For
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example, if the (xn,yn) vector represents a four bit
sequence then this vector would be converted to a four
bit sequence and stored in the receive data bit buffer

62 by the digital data generator 60. The receive data
bit sequence is then directed to the output 64 as an out-
put data stream.

A full description of the FFT techniques uti-
lized is described in a book by Rabiner et al., entitled
Theory and Applications of Digital Signal Processing,
Prentice-~Hall, Inc., N.J., 1975. However, the FFT modu-
lation technique described above is not an integral part
of the present invention. Alternatively, modulation
could be accomplished by direct multiplication of the
carrier tones as described in the above-referenced Baran
patent, which is hereby incorporated by reference, at
col. 10, lines 13-70, and col. 11, lines 1-30. Addition-
ally, the demodulation system described in Baran at col.
12, lines 35-70, col. 13, lines 1-70, and col. 14, lines
1-13 could be substituted.

The control and scheduling unit 66 maintains
overall supervision of the sequence of operations and

controls input and output functions.
Determination of Equivalent Noise

As described above, the information content
of the data element encoded on each frequency carrier
and the power allocated to that freguency carrier
depends on the magnitude of the channel noise component
at that carrier frequency. The equivalent transmitted
noise component at freguency fhr N(£,), is the measured
{received) noise power at frequency £, multiplied by
the measured signal loss at frequency f,- The equiva-
lent noise varies from line to line and also varies on
a given line at different times. Accordingly, in the
present system, N(f) is measured immediately prior to

data transmission.
The steps of a synchronization technique
utilized in the present system to measure N(f) and
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establish a transmission link between answer and ori-
ginate modems 26 and 26' are illustrated in Fig. 4.
Referring now to Fig. 4, in step 1 the originate modem
dials the number of the answer modem and the answer
modem goes off hook. 1In step 2 the answer modem trans-
mits an epoch of two frequencies at the following power
levels:

{(a) 1437.5 Hz. at -3 dBR; and

(b) 1687.5 Hz at -3 dER.

The power is measured relative to a reference, R, where,

in a preferred embodiment, 0dBR = -%9dBm, m being a milli-
volt. These tones are used to determine timing and fre-

quency offset as detailed subsequently.

The answer modem then transmits an answer comb
containing all 512 frequencies at -27dBR. The originate
modem receives the answer comb and performs an FFT on the
comb. Since the power levels of the 512 frequencies were
set at specified values, the control and scheduling unit
66 answer modem 26 compares the (xn,yn) values for each
frequency of the received code and compares those values
to a table of (xn,yn) values representing the power lev-
els of the transmitted answer code. This comparison
yields the signal loss at each frequency due to the
transmission over the VF telephone lines.

During step 3 both the originate and answer
modems 26 and 26' accumulate noise data present on the
line in the absence of any transmission by €ither
modem. Both modems then perform an FFT on the accumu-
lated noise signals to determine the measured
(received) noise spectrum component values at each
carrier frequency. Several epochs of noise may be aver-
aged to refine the measurement.

In step 4 the originate modem transmits an
epoch of two frequencies followed by an originate comb
of 512 frequencies with the same power levels described
above for step 2. The answer modem receives the epoch
and the originate comb and calculates the timing, fre-
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quency offset and signal loss values at each carrier
frequency as described above for the originate modem in
step 2. At this point the originate modem 26 has accum-
5 ulated noise and signal loss data for transmission in
the answer originate direction while the answer modem
has accumulated the same data relating to transmission
in the originate answer direction. Each modem requires
data relating to transmission loss and receive noise in
10 both the originate-answer and answer-originate direc-
tions. Therefore, this data is exchanged between the
two modems according to the remaining steps of the syn
chronization process. :
In step 5 the originate modem generates and
15 transmits a first phase encoded signal indicating which
carrier frequencies will support two bit transmission
at standard power levels in the answer-originate direc-
tion. Each component that will support two bits in the
answer-originate direction at a standard power level is
20 generated as a -28 dBR signal with 180° relative phase.
Each component that will not support two bit transmis-
sion in the answer-originate direction at the standard
power level is coded as a -28 dBR,0° relative phase
signal. The answer modem receives this signal and
25 determines which frequency carriers will support two
bit transmission in the answer-originate direction. -
In step 6 the answer modem generates and
transmits a second phase encoded signal indicating
which carrier frequencies will support two bit trans-
30 mission in both the originate-answer and answer-origi-
nate directions. The generation of this signal is
possible because the answer modem has accumulated noise
and signal loss data in the originate-answer direction
and has received the same data for the answer-originate
35 direction in the signal generated by the originate
modem in step 5. In the signal generated by the origi-
nate modem, each frequency component that will support
two bits in both directions is coded with 180° relative
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phase and all other components are coded with 0° rela-
tive phase. ' '
A transmission link now exists between the

5 two modems. 1In general, 300 to 400 freguency compo-
nents will support two bit transmission at a standard
power level, thereby establishing about a 600 bit/epoch
rate between the two modems. In step 7 the originate
modem sends data on the number of bits (0 to 15) and

10 the power levels (0 to 63dB) that can be supported on
each frequency in the answer-originate direction in
ensemble packets formed over this existing data link.
Accordingly, both the originate and answer modem now
have the data relating to transmission in the answer-

15 originate direction. The steps for calculating the
number of bits and power levels that can be supported
on each frequency component will be described below.

In step 8 the answer modem sends data on the
number of bits and power levels that can be supported

20 on each frequency in the originate-answer direction
utilizing the existing data link. Thus, both modems
are apprised of the number of bits and power levels to
be supported on each fregquency component in both the
answer-originate and originate-answer directions.

25 The above description of the determination of
the equivalent noise levef_component at each carrier-
frequency sets forth the required steps in a given
sequence. However, the sequence of steps is not criti-
cal and many of the steps may be done simultaneously or

30 in different order, for example, the performance of the
FFT on the originate code and the accumulation of noise
data may be done simultaneously. A precise timing
reference is also calculated during the synchronization
process. The calculation of this timing reference will

35 be described more fully below after the description of
the method for calculating the number of bits and power
levels allocated to each freguency component.
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It is a common VF telephone line impairment
that a frequency offset, of up to 7 Hz, exists between
transmitted and received signals. This offset must be

5 corrected for the FFT to function reliably. 1In a
preferred embodiment, this correction is achieved by
performing a single sideband modulation of the quadra-
ture tones at the offset frequency by the true and Hil-
bert images of received signal. Synchronization and

10 tracking algorithms generate estimates of the frequency
offset necessary.
Power and Code Complexity Allocation

The information encoded on each carrier fre-

guency signal is decoded at the receiver channel by the

15 demodulator 56. Channel noise distorts the transmitted
signal and degrades the accuracy of the demodulation
process. The transmission of a data element having a
specified complexity, e.g., By bits at a specified fre-
quency, f,, over a VF telephone line characterized by

20 an equivalent noise level component, NO' will now be
analyzed. Generally, external system requirements
determine a maximum bit error rate (BER) that can be
tolerated. For the transmission of b, bits at noise
level N, and frequency £, the signal to noise ratio

25 must exceed Eb/N0 where Eb is the signal power per bit
to maintain the BER below !a given BER, (BER)O.

Fig. 5 depicts the QAM constellations for
signals of various complexities B. An exemplary signal
to noise ratio, E /Ny, for each constellation and the

30 ©power required to transmit the number of bits in the
constellation without exceeding (BER)0 is depicted
alongside each constellation graph.

A modem operates under the constraint that
the total available power placed on the public switched

35 telephone lines may not exceed a value, PO, set by the
telephone companies and government agencies. Thus,
signal power may not be increased indefinitely to
compensate for line noise. Accordingly, as noise
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increases, the complexity of the signals transmitted
must be decreased to maintain the required BER.

Most existing modems arbitrarily gear shift

5 the signal complexity down as line noise power
increases. For example, one prior art modem reduces
the transmitted data rate from a maximum of 9,600 bps
to steps of 7,200 bps, 4,800 bps, 2,400 bps, 1,200 bps,
and so on until the bit error rate is reduced below a

10 specified maximum. Accordingly, the signal rate is
decreased in large steps to compensate for noise. In
the Baran patent, the method.for reducing the trans-
mission rate takes into account the frequency dependent
nature of the noise spectrum. There, each channel

15 carries a preset number of bits at a specified power
level. The noise component at each frequency is
measured and a decision is made whether to transmit at
each carrier frequency. Thus, in Baran, the data rate
reduction scheme compensates for the actual distribu-

20 tion of the noise over the available bandwidth.

In the present invention, the complexity of
the signal on each frequency carrier and the amount of
the available power allocated to each frequency carrier
is varied in response to the frequency dependence of

25 the line noise spectrum.

The present system for assigning various code
complexities and power levels to the frequency component
signals in the ensemble is based on the waterfilling
algorithm. The waterfilling algorithm is an informa-

30 tion theoretic way of assigning power to a channel to
maximize the flow of information across the channel.
The channel is of the type characterized by an uneven
noise distribution and the transmitter is subject to a
povwer constraint. Fig. 6 provides a visualization of

35 the waterfilling algorithm. Referring now to Fig. &,
power is measured along the vertical axis and frequency
is measured along the horizontal axis. The equivalent
noise spectrum is represented by the solid line 70 and
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the available power is represented by the area of the
cross hatched region 72. The name waterfilling comes
from the analogy of the eguivalent noise function to a

5 series of valleys in a mountain filled with a volume of
water representing the assigned power. The water fills
the valleys and assumes a level surface. A theoretical
description of the waterfilling algorithm is given in
the book by Gallagher, entitled Information Theory And

10 Reliable Communication; J. Wiley and Sons, New York,

1968, p. 387.

: It must be emphasized that the waterfilling
theorem relates to maximizing the theoretical capacitf
of a channel where the capacity is defined as the maxi-

15 mum of all data rates achievable using different codes,
all of which are error correcting, and where the best
tend to be of infinite length.

The method utilizing the present invention
does not maximize the capacity of the channel. Instead,

20 the method maximizes the amount of information trans-
mitted utilizing the QAM ensemble described above with
respect to Fig. 1 and subject to an available power
restriction.

An implementation of the waterfilling concept

25 is to allocate an increment of available power to the
carrier having the lowest equivalent noise floor until
the allocatd power level reaches the equivalent noise
level of the second lowest carrier. This allocation
requires a scan through the 512 frequencies.

30 Incremental power is then allocated between
the lowest two carriers until the equivalent noise
level of the third lowest channel is reached. This
allocation level requires many scans through the
frequency table and is computationally complex.

35 The power allocation method used in a pre-
ferred embodiment of the present invention is as
follows:
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(1) Calculate the system noise at the trans-
mitter by measuring the equivalent noise at the
receiver and multiplying by transmission loss. This

5 process for measuring these quantities was described
above with respect to syndhroﬁization and Fig. 4. The
system noise components are calculated for each carrier
frequency. )

(2) For each carrier fregquency, calculate

10 the pover levels required to transmit data elements of
varying complexity (in the present case, 0, 2, 4, 5, 6,
and 8 bits). This is accomplished by multiplying the
equivalent noise by the signal to noise ratios neces-
sary for transmission of the various data elements with

15 a required BER, for example one error per 100,000 bits.
The overall BER is the sum of the signal error rates of
each modulated carrier. These signal to noise ratios
are available from standard references, and are well-
known in the art.

20 (3) From the calculated required transmission
power levels, the marginal required power levels to in-
crease data element complexity are determined. These
marginal required power levels are the difference in
transmission power divided by the quantitative differ-

25 ence in complexity of the data elements closest in com-
plexity. ’ :

(4) For each channel generate a two column
table of marginal required power levels and quantita-
tive differences where the units are typically ex-

30 pressed as Watts and bits, respectively.

(5) Construct a histogram by organizing the
table of step 4 according to increasing marginal power.

(6) Assign the available transmitter power
sequentially over the increasing marginal powers until

35 avallable power is exhausted.

The power allocation method may be better
understood through a simple example. The numbers pre-
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sented in the example are not intended to represent
parameters encountered in an operating system.
Table 1 sets out the power requirement, P, to
5 +transmit a data element of a selected number of bits,
Ny, for two carriers A and B at frequencies fA and f;.

TABLE 1
Carrier A

N, N,-N; P MP(N; to N,)
10 0 - 0 -

2 2 4 MP({0to2)=2/bit

4 2 12 MP(2to4)=4/bit

5 1 19 MP(4to5)=7/bit

6 1 29 MP(5t06)=10/bit
15 Carrier B

Nl N2-N1 P ME(Nl to Nz)

0 - 0 -

2 2 6 MP(0to2)=3/bit

4 2 18 MP(2to4)=6/bit
20 5 1 29 MP(4to5)=11/bit

6 1 44 MP(5to6)=15/bit

The marginal power to increase the complexity
from a first number of bits, Nl' to a second number -of
bits, N,, is defined by the relationship:
— P, - P

25 MP(N, to N,) = 2 1

where PZ and ?l are the powers required to transmit
data elements of complexity N, and N;. N,-N; is
quantitative difference in the complexity of the data

30 elements. It is understood the BER is constrained to
remain below a preset limit. '
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The marginal powers for fA are less than for
fé because the equivalent noise at'fB, N(fB), is
greater than the equivalent noise at fA’ N(fA).

5 The implementation of the allocation scheme

for carriers A and B will now be described. Assume that
a total number of bits, Ny, are encoded on the ensemble
but that no bits have been assigned to carriers A or B.

For example, N(fA) and N(fA) might be greater than the

10 powers of those carriers already carrying the data.

In this example, the system is to allocate
ten remaining available power units between carriers A
and B to increase the overall data element complexity
by the maximum amount.

15 To increase N, by two bits requiresrthat four
units of power be allocated if channel A is utilized
and that six units of power be allocated in channel B
is utilized. This follows because for both channels
N; = 0 and N2 = 2 and MP(0 to 2) = 2/bit for channel A

20 and MP(0 to 2) = 3/bit for channel B. Therefore, the
system allocates four units of power to carrier A, en-
codes a two bit data element on carrier A, increases the
overall signal complexity from Nj to Nj + 2, and has six
remaining available power units.

25 The next increase of two bits requires six
power units because MP(2 to 4) = 4/bit for carrier A and
MP(0 to 2) = 3/bit for channel B. Therefore, the system
allocates six units of power to carrier B, encodes a
two bit data element on carrier B, increases the over-

30 all signal complexity from N, + 2 to Nj + 4 bits, and
has no remaining available power units.

As 1s now clear, the system "shops" among the
various carrier frequencies for the lowest power cost
to increase the complexity of the overall ensemble data

35 element.

The allocation system is extended to the full
512 carrier ensemble by first generating the tables of
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Table 1 for each carrier during a first pass through
the frequencies.

A histogram organizing the calculated
marginal required power levels for all the carriers
according to increasing power is then constructed.

Fig. 7 is a depiction of an exemplary histogram
constructed according to the present method.

In Fig. 7 the entire table of marginal powers
is not displayed. 1Instead, the histogram is
constructed having a range of 64dB with counts spaced
in 0.5dB steps. The gquantitative differences between
the steps are utilized as counts. Although this )
approach results in a slight round-off error, a
significant reduction in task length is achieved. The
method used to construct the histogram is not critical
to practicing the invention.

Each count of the histogram has an integer
entry representing the number of carriers having a
marginal power value equal to the power value at the
count. The histogram is scanned from the lowest power
level. The integer entry at each count is multiplied
by the number of counts and subtracted from the avail-
able power. The scan continues until available power
is exhausted.

wWhen the scan is completed it has been deter-
mined that all marginal power values below a given
level, MP(max), are acceptable for power and data allo-
cation. Additionally, if available power is exhausted
partially through marginal power level, MP(max), then k
additional carriers will be allocated power equal to
MP(max + 1).

The'system then scans through the ensemble
again to allocate power and data to the various car-
riers. The amount of power allocated to each carrier
is the sum of marginal power values for that carrier
less than or equal to MP{max). Additionally, an amount
of power egual to MP(max + 1) will be allocated if the
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k MP(max + 1) values have not been previously
allocated. :

Timing and Phase Delay Compensation

The reconstruction of (x,y) vector table by
the receive system requires 1024 time samples of the
received waveform. The bandwidth is about 4kHz so that
Nyquist sampling rate about 8000/sec and the time sample
offset between samples is 125 microseconds. The total
sampling time is thus 128 msec. Similarly, the transmit
FFT generates a time series having 1024 entries and the
symbol time is 128 msec.

The sampling process requires a timing refer-

ence to initiate the sampling. This timing reference
is established during synchronization by the following
method:

During the synchronization steps defined with
reference to Fig. 4, the originate modem detects energy
at the 1437.5 Hz frequency component (the first timing
signal) in the answer comb at time TEST’ This time is a
rough measure of the precise time that the first timing
frequency component arrives at the receiver and is
generally accurate to about 2 msec.

This rough measure is refined by the follow-
ing steps. The first timing signal and a second timing
signal (at 1687.5 Hz) are transmitted with zero rela-
tive phase at the epoch mark.

The originate modem compares the phases of

the first and second timing signals at time T The

250 Hz frequency difference between the firstgigd
second timing signals results in an 11° phase shift
between the two signals for each 125 microsecond time
sample offset. The first and second timing signals
have low relative phase distortion (less than 250
microseconds) due to their location near the center of
the band. Accordingly, by comparing the phases of the

two timing samples and correcting T by the number of

EST
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time sampling offsets indicated by the phase difference,
a precise timing reference, T,, can be determined.

A further difficulty relating to timing the
sampling process relates to frequency dependent phase
delay induced by the VF line. This phase delay
typically is on the order of 2 msec, or more, for VF
telephone lines. Further, this phase delay is signi-
ficantly worse near the edges of the 4kHz usable band.

Fig. 8 depicts distribution of the freguency
carriers of the ensemble after undergoing frequency
dependent phase delay. Referring to Fig. 8, three
signals 90, 92, and 94 at frequencies for o540
f512 are depicted. Two symbols, Xy and Yir of length
Ty are transmitted at each frequency. Note that the
duration of each symbol is not changed. However, the
leading edge of the signals near the edge of the band
92 and 94 are delayed relative to those signals near
the center of the band 94.

Additionally, for two sequentially transmit-
ted epochs Xy and Yy the trailing section of the first
symbol X; on signals 92 and 96, near the outer edge of
the band will overlap the leading edge of the second
symbol y; on the signal 94 near the center of the band.
This overlap results in intersymbol interference.

If the sampling interval is framed to sample
a given time interval, Tg, then complete samples of
every carrier in the ensemble will not be obtained and
signals from other epochs will also be sampled.

Existing systems utilize phase correction
{({equalization) networks to correct for phase distortion
and to prevent intersymbol interference.

The present invention utilizes a unique
guard-time format to eliminate the need for an equali-
zation network. This format is- illustrated in Fig. 9.

Referring now to Fig. 9, first, second, and
third transmitted symbols, represented by time series

Xir Yys and Z4 respectively, are depicted. The wave-

and
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forms depicted in Fig. 3 are modulated on one of the
carriers at frequency f. In this example a symbol
time, Tg, of 128 msec. and a maximum phase delay, Tpgr
of 8 msec are assumed. A guard-time waveform is formed
by repeating the first 8 msec. of the symbol. The
guard-time waveform defines an epoch of 136 msec. For
example, in the first waveform 110, (X;), the time
series of the symbol, Xy = Xy0237 is first transmitted,
then the first 8 msec. of the symbol, X, - X
repeated.

The sampling of the epoch is aligned with the
last 128 msec. of the guard-time waveform (relative to

are

0 63’

the beginning of the guard-time epoch defined by those
frequency components which arrive first).

This detection process is illustrated in Fig.
10. In Fig. 10 first and second guard-time waveforms
110 and 112 at £, near the center of the band, and f,,
near the edge of the band, are depicted. The frequency
component at f1 is the component of the ensemble that
arrives first at the receiver and the component at f2
arrives last. In Fig. 10 the second waveform 112, at
fz, arrives at the receiver at TO + TPH’ which is 8 msec.
after the time, To, that the first waveform 110, at fl,
arrives at the receiver. The sampling pericd of 128
msec. is initiated at the time Ty + Tpg- Thus, the en-
tire symbol on £,, Xy - X10237 is sampled. The entire
symbol at f1 is also sampled because the initial 8 ]
msec. of that symbol has been retransmitted.

Also, intersymbol interference has been
eliminated. The arrival of the second symbol, (yi), at
f1 has been de;ayed 8 msec. by the retransmission of
the first 8 msec. of (x;). Thus, the leading edge of
the second symbol at fl’ does not overlap the trailing
edge of the first symbol at fz.

The 8 msec. guardtime reduces the usable time-
bandwidth product of the system by only about 6%. This
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small decrease is due to the very long duration of each
symbol relative to the necessary guardtime.
Tracking

5 In practice, for a given carrier, the mag-
nitudes of the (x,y) vectors extracted during the
demodulation process do not fall exactly at the
constellation points but are distributed over a range
about each point due to noise and other factors.

10 Accordingly, the signal is decoded utilizing a modu-
lation template as depicted in Fig. 11.

Referring now to Fig. 11, the template is
formed by a grid of sqguares 113 with the constellation
points 114 at the centers of the squares 1i13.

15 In Fig. 11, the vector W = (xn,yn) represents
the demodulated amplitudes of the sine and cosine signals
at f£.. W is in the square 113 having the constellation
point (3,3) centered therein. Accordingly, W is
decoded as (3,3).

20 The present invention includes a system for
tracking to determine changes in transmission loss,
frequency offset, and timing from the values determined
during synchronization.

This tracking system utilizes the position of

25 the received vectors in the squares of the demcdulation
template of Fig. 11. 1In Fig. 12, a single square is
divided into four gquadrants upper left, lower right,
upper right, lower right, 115, 116, 117, and 118 char-
acterized as too fast, too slow, too big, and too little,

30 respectively. If counts in all four quadrants over time
by frequency or over frequency at one time are equal or
nearly equal then the system is in alignment. That is,
if noise is the only impairment, then the direction of
error for the decoded vector, W, should be random.

35 However, if transmission loss changes by even
0.1dB the number of too small counts will vary signifi-
cantly from the number of too large counts. Similarly,
a large difference between the number of too fast and
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too slow counts indicates a phase rotation caused by a
change in the offset frequency. Thus, the differences
between the too fast, too slow, and too big, too small
5 counts is an error characteristic that tracks varia-
tions in signal loss and offset frequency. '

The present invention utilizes this error
characteristic to adjust the signal loss and frequency
offset determined during synchronization. For each

10 frequency an adjustment of + .1dB or + 1.0° is made
depending on the error characteristic. Other divisions
of the decoding region into distinct or overlapping sub-
regions characterized as too fast, too slow, tco big,_
and too little are preferred in some embodiments.

15 Additionally, the phase of the timing signals
is tracked to allow corrections of Ty-

Allocation of Channel Control
The present invention further includes a

unique system for allccating control of an established
20 communication link between the originate and answer
modems (hereinafter designated A and B, respectively).
Each waveform comprising the encoded ensemble of fre-
quencies forms a packet of information.
Control of the transmission link is first
25 allocated to modem A. Modem A then determines the
volume of data in its input buffer and transmits
between I (a minimum) and N (a previously determined
maximum) packets of data as appropriate. The predeter-
mined number N serves as a limit and the end number of
30 transmitted packets may be significantly less than
required to empty the input buffer. On the other hang,
if modem A has little or no data in its input buffer it
will still transmit I packets of information to maintain
communication with modem B. For example, the I packets
35 may comprise the originate or answer comb of frequencies
defined above with respect to Fig. 4 and the synchroni-
zation process. '
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Control of the communication link is then
allocated to modem B which repeats the actions of modem
A. Of course, if modem B transmits the minimum num-

5 ber,I, of packets it is confirming to modem A the
vitality of modem B.

There is no need for the limits N on the two
modems to be the same, or to restrict them from being
adaptable under modem control to obtain rapid character

10 echo or other user oriented goals.
Hardware Implementation

Fig. 13 is a block diagram of a hardware

embodiment of the invention. Referring now to Fig. 13,

an electronic digital processor 120, an analog I/0
15 interface 44, and a digital I/0 interface 122 are
coupled to a common data bus 124. The analog I/0
interface 44 interfaces the public switched telephone
line 48 with the common data bus 124 and the digital
interface 122 interfaces digital terminal equipment 126
20 with the common data bus 124.
The following components are utilized in a
preferred embodiment of the invention. The analog 1/0
interface 44 is a high performance 12 bit coder-decoder
(codec) and telephone line interface. The interface has
25 access to RAM 132 and is controlled by supervisory micro-
processor 128. The codec is a single chip combination
of an analog to digital converter, a digital to analog
converter, and several band pass filters.
The digital I/0 interface 122 is a standard
30 RS-232 serial interface to a standard twenty-five pin
RS-232 type connector or a parallel interface to a per-
sonal computer bus.
The electronic digital processor 120, includes
a supervisory processor 128, a general purpose mathema-
35 tical processor 130, a 32K by 16 bit shared RAM sub-
system 132, and a read only memory (ROM) unit 133,
coupled to an address bus 135.
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The supervisory microprocessor 128 is a 68000
data processor subsysteh including a 10MHz 68000 pro-
cessor and the 68000 program memory. The 32K by 16

5 bit program memory consists of several low power, high
density, ROM chips included in the ROM unit 133.

The mathematical prdcessor 130 is a 320 digi-
tal signal microprocessor system (DSP) including a
20MHz 320 processor, the 320 program memory, and an

10 interface to the shared RAM system. Two high speed ROM
chips, included in ROM unit 133, comprise the 8192 x 16
bit program memory. ) )

The 320 system program memory includes pro-
grams for performing the modulation table look-up, FFT,

15 demodulation, and other operations described above.

The 68000 processor handles digital data streams at the
input and output, performs tasking to and supervision
of the 320 signal processor and associated analog 1/0,
and performs self and system test as appropriate.

20 The invention has been explained with respect
to specific embodiments. Other embodiments will now be
apparent to those of ordinary skill in the art.

In particular, the ensemble of carrier fre-
quencies need not be limited as above-described. The

25 number of carriers may be any power of 2, e.g. 1024, or
some arbitrary number. Additionally, the frequencies
need not be evenly spaced over the entire VF band.
Further, the QAM scheme is not critical to practicing
the invention. For example, AM could be utilized

30 although the data rate, RB’ would be reduced.

) Still further, the modulation template need
not be comprised of squares. Arbitrarily shaped
regions surrounding the constellation points may be
defined. The tracking system was described where the

35 squares in the modulation template were divided into
four quadrants. However, a given parameter may be
trackedrby tracking the difference in the number of
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counts in arbitrary regions defined about a
constellation point.

Still further, a hardware embodiment

5 including a supervisory microprocessor and a general
purpose mathematical processor has been described.
However, different combinations of IC chips may be
utilized. For example, a dedicated FFT chip could be

.utilized to perform modulation and demodulation
10 operations.

Still further, the information units utilized
in the above description were bits. However, the
invention is not limited to binary system.

Accordingly, it is therefore intended that

15 the invention can be limited except as indicated by the
appended claims.
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WHAT IS CLAIMED IS:

1. In a high speed modem, for transmitting
data over a telephone line, of the type that encodes
5 data elements on an ensemble of carrier frequencies, a
method for allocating data and power to the carrier
frequencies, said method comprising the steps of:
determining the egquivalent noise component
for every carrier freguency in the ensemble;

10 determining the marginal power requirement to
increase the complexity of the data element on each
carrier from n information units to n + 1 information
units, n being an integer between 0 and N;

ordering the marginal powers of all the car-
15 riers in the ensemble in order of increasing power;
assigning available power to the ordered mar-
ginal powers in order of increasing power;
determining the value, MP(max) at which point
the available power is exhausted; and

20 allocating power and data to each carrier
frequency where the power allocated is equal to the sum
of all the marginal powers less than or equal to MP{max)
for that carrier and the number of data units allocated
is equal to the number of marginal powers for that car-

25 rier less than or equal to MP(méx).

2. The invention of claim 1 where said step
of ordering comprises the steps of:

providing a table of arbitrary marginal power
levels; and '

30 rounding the value of each determined marginal
power level to one of the values of the table of arbi-
trary marginal power levels to decrease computational

complexity.
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3. The invention of claim 2 wherein the
step of determining equivalent noise comprises the steps
of:
5 providing an A and a B modem interconnected

by a telephone line;
establishing a communication link between
said A and B modems;
accumulating line noise data during a no trans-
10 mission time interval at said A and B modems;
transmitting at least a first ensemble of
frequency carriers from said A modem to said B moden,
where the amplitude of each carrier has a predetermined
value;
15 receiving said first ensemble at said B modem;
measuring the amplitude of each carrier re-
ceived at said B modem;
comparing the measured amplitudes at said B
modem with said predetermined amplitudes to determine
20 signal loss, in dB, at each carrier frequency;
determining the value of the component, in
dB, at each carrier frequency of the accumulated noise;
and
adding the signal loss at each carrier fre-
25 quency to the noise component at each carrier frequency
to determine equivalent noise.

4. A high speed modem of the type for trané—
mitting a signal on a VF telephone line, comprising:
means for receiving an input digital data
30 stream and for storing said input digital data;
means for generating a modulated ensemble of
carriers to encode said input digital data, where each
carrier has data elements of variable complexity encoded
thereon;
35 means for measuring the.signal loss and noise
loss of the VF telephone line for each carrier; and
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means for varying the complexity of the data
element encoded on each carrier and the amount of power
allocated to each carrier to compensate for the measured
5 signal loss and noise level.

) 5. A high speed modem of the type that en-
codes data elements on an ensemble of carriers of dif-
ferent frequency, said modem comprising:

a digital electronic processor;
i0 a digital electronic memory;
bus means for coupling said processor and
said memory;
means, associated with said digital electronic
processor, for
15 determining the eguivalent noise component
for every carrier frequency in the ensemble;
determining the marginal power requirements
to increase the complexity of the data element on each
carrier from n information units to n + 1 information
20 units, n being an integer between 0 and N;
ordering the marginal powers of all the car-
riers in the ensemble in order of increasing power;
assigning available power to the ordered mar-
ginal powers in order of increasing power; '
25 determining the value, MP{max) at which point
the available power is exhausted; and )
assigning power and data to each carrier fre-
quency where the power assigned is equal to the sum of
all the marginal powers less than or equal to MP(max)
30 for that carrier and the number of data units is equal
to the number of marginal powers for that carrier less
than or equal to MP(max).

6. In a high speed modem, for transmitting

data in the form of a QAM ensemble of carrier frequen-

35 cies on a VF telephone line, of the type that measures
the magnitude of a system parameter prior to
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transmission, a method for tracking deviations in the
magnitude of the system parameter during the receipt of
data, said method comprising the steps of:

S generating QAM constellations for a plurality
of carrier frequencies;

constructing a demodulation template for one

of said plurality of carrier frequencies comprising a
plurality of first regions with one of the points of

10 said constellation positioned within each of said first
regions;

forming a set of tracking regions where each
first region has a first and second tracking region )
disposed therein;

15 demodulating said ensemble of carriers to
obtain the demodulation points positioned in said set
of first and second tracking regiomns;

counting the number of points disposed in
said set of first tracking regions and the number of

20 points disposed in said set of second tracking regions;

determining the difference in the number of
counts disposed in said set of first tracking regions
and disposed in said tracking regions to construct an
error characteristic; and

25 utilizing said error characteristic to adjust
the magnitude of said signal parameter during the receipt
of data.

7. The invention of claim 6 wherein said
step of constructing a demodulation template comprises
30 the step of:
constraining said first regions to be in the
shape of squares having said constellation points cen-
tered therein.

8. The invention of claim 7 wherein said

35 step of forming said tracking regions comprises the

step of:
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dividing said squares into quadrants; and
selecting said tracking regions to be symmetri-
cally disposed guadrants. -

9. In a communication system of the type
including two modems (A and B) coupled by a transmis-
sion link, each modem having an input buffer for storing
data to be transmitted, a method for allocating control
of the transmission link between modem A and B compris-
ing the steps of:

allocating control of the transmission
link to modem A;

determining the volume of data stored in
the input buffer of modem A;

determining the number,K, of packets of
data required to transmit the volume of data stored in
the input buffer of modem A;

transmitting L packets of data from modem
A to modem B where L is equal to I, if K is less than

I
At
to Ipnr and where L is equal to NA if X is greater than

N, so that the minimum number of packets transmitted is

IA and the maximum is NA;

where L is equal to K if K is greater than or equal

allocating control of the transmission
link to modem B;

determining the volume of data in the
input buffer of modem B;

determining the number,J, of packets of
data required to transmit the volume of data stored in
the input buffer of modem B;

transmitting M packets of data from modem
B to modem A where M is equal to Iy if J is less than
IB’ where M is equal to J if J is greater than or equal
to IB’ and where L is equal to NE if J is greater than
N_ so that the minimum number of packets transmitted is

B

IB and the maximum is NB;
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where allocation of control between modem
A and B is dependent on the volume of data stored in
the input buffers of modems A and B.

5 10. In a high speed modem, for transmitting
data over a telephone line, of the type that encodes
data elements on an ensemble of carrier fregquencies, a
system for allocating data and power to the carrier
frequencies, said system comprising:

10 means for determining the equivalent noise
component for every carrier frequency in the ensemble;
means for determining the marginal power re-
quirement to increase the complexity of the data ele-
ment on each carrier from n information units ton + 1
15 information units, n being an integer between 0 and N;
means for ordering the marginal powers of all
the carriers in the ensemble in order of increasing
power;
means for assigning available power to the
20 ordered marginal powers in order of increasing power;
means for determining the wvalue, MP(max) at
which point the available power is exhausted; and
means allocating power and data to each car-
rier frequency where the power allocated is egual to
25 the sum of all the marginal powers less than or equal
to MP(max) for that carrier and the number of data units
allocated is equal to the number of marginal powers for
that carrier less than or equal to MP(max).

11. The invention of claim 10 where said
30 means for ordering comprises:
means for providing a table of arbitrary mar-
ginal power levels; and
means for rounding the value of each determined
marginal power level to one of the values of the table
35 of arbitrary marginal power levels to decrease computa-
tional complexity.
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12. The invention of claim 11 wherein an A
and B modem are connected by a telephone line and the
means for‘determining equivalent noise comprises:

5 means for establishing a communication link
between said A and B modems;
means for accumulating line noise data during
a no transmission time interval at said A and B modems;
means for transmitting a first ensemble of

10 frequency carriers from said A modem to said B modem,
where the amplitude of each carrier has a predetermined
value;

means for receiving said first ensemble at
said B modem; :

15 means for measuring the amplitude of each
carrier received at said B modem;

means for comparing the measured amplitudes
at said B modem with said predetermined amplitudes to
determine signal loss at each carrier frequency;

20 means for determining the value of the compo-
nent, in 4B, at each carrier frequency of the accumulated
noise; and

means for adding the signal loss at each car-
rier frequency to the noise component at each carrier

25 frequency to determine equivalent noise.

13. In a high speed modem, for transmitting
data in the form of a QAM ensemble of carrier frequencies
on a VF telephone line, of the type that measures the
magnitude of a system parameter prior to traﬁsmission,

30 a system for tracking deviations in the magnitude of
the system parameter during the receipt of data, said
system comprising:

means for generating QAM constellations for a
plurality of carrier frequencies; '

35 means for constructing a demodulation template
for one of said plurality of carrier frequencies com=-
prising a plurality of first regions with one of the
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peoints of said constellation positioned within each of
said first regions;

means for forming a set of tracking regions

5 where each first region has a first and second tracking

region disposed therein;

means for demcdulating said ensemble of car-
riers to obtain the modulation points positioned in
said set of first and second tracking regions;

10 means for counting the number of points dis-
posed in said set of first tracking regions and the
number of points disposed in said set of second tracking
regions:; ’

means for determining the difference in the

15 number of counts disposed in said set of first tracking
regions and disposed in said tracking regions to con-
struct an error characteristic; and

means for utilizing said error characteristic
to adjust the magnitude of said signal parameter during

20 the receipt of data.

i4. The invention of claim 13 wherein said
means for constructing a demodulation template comprises:
means for constraining said first regions to
be in the shape of squares having said constellation
25 points centered therein.

15. The invention of claim 14 wherein said
means for forming said tracking regions comprises:
means for dividing said sguares into gquadrants;
and
30 means for selecting said tracking regions to
be symmetrically disposed guadrants.

16. In a communication system of the type
including two modems (A and B) coﬁbled by a transmis-
sion link, each modem having an input buffer for storing

35 data to be transmitted, a system for allocating control
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of the transmission link between modem A and B compris-
ing:
means for allocating control of the trans-
5 mission link to modem A;
means for determining the number,K, of
packets of data required to transmit the wvolume of data
stored in the input buffer of modem A; 7
means for transmitting L. packets of data
10 from modem A to modem B where L is equal to I, if K is
less than IA but less than N,, where L is equal to K if

K is greater than or equal to I and where L is equal

Al

to NA if X is greater than NA so that the minimum number

of packets transmitted is I,
15 means for allocating control of the trans-

and the maximum is N, ;

mission link to modem B;
means for determining the volume of data
in the input buffer of modem B;
means for determining the number,J, of
20 packets of data required to transmit the volume of data
stored in the input buffer of modem B;
means for transmitting M packets of data
from modem B to modem A where M is equal to I if J is
less than IB' where M is equal to J if J is greater than
25 or equal to EB but less than NB’
Ny if J is greater than N, so that the minimum number of

and where L is equal to

packets transmitted is I and the maximum is N
where allocatlon of control between modem
A and B is dependent on the volume of data stored in the
30 input buffers of modems A and B.

17. In & high speed modem communication sys-
tem including two modems (A and B) coupled by a transmis-
sion link, each modem having an input buffer for storing
data to be transmitted, each modem for transmitting

35 data over a telephone line and each modem of the type
that encodes data elements on an ensemble of carrier
frequencies, a method of operating said modems to effi-
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ciently allocate power and data to the carrier frequen-
cies, to compensate for frequency dependent phase delay,
where the maximum estimated magnitude of the phase delay
5 is TPH' to prevent intersymbol interference, to allocate
control of the transmission link between modem A and
modem B and for initiating a sampling interval having a
given time sample offset egual to the reciprocal of the
sampling frequency, said method comprising:
10 determining the equivalent noise component
for every carrier frequency in the ensemble;
determining the marginal power requirement to
increase the complexity of the data element on each '
carrier from n information units to n + 1 information
15 units, n being an integer between 0 and N;
ordering the marginal powers of all the car=-
riers in the ensemble in order of increasing power;
assigning available power to the ordered mar-
ginal powers in order of increasing power;
20 determining the value, MP(max) at which point
the available power is exhausted;
allocating power and data to each carrier
frequency where the power allocated is equal to the sum
of all the marginal powers less than or equal to MP(max)
25 for that carrier and the number of data units allocated
is equal to the number of marginal powers for that car-
rier less than or egual to MP(max);
transmitting a symbol encoded on one of said'
carrier frequencies where said symbol is a predetermined

30 time duration, Ts;
retransmitting the first Tpn seconds of said
symbol to form a transmitted waveform of duration
TE + TPH;

allocating control of the transmission link
35 to modem A;
determining the volume of data stored in the
input buffer of modem A;
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determining the number, K, of packets of data
required to transmit the volume of data stored in the
input buffer of modem A;

5 transmitting I. packets of data from modem A
to modem B where L is equal to I, if K is less than Ips
where L is equal to XK if K is greater than or equal to
I, and where L is equal to Ny if X is greater than N,
so that the minimum number of packets transmitted is IA

10 and the maximum is Nps

allocating control of the transmission link
to modem Bj;

determining the volume of data in the input
buffer of modem B;

15 determining the number,J, of packets of data
required to transmit the volume of data stored in the
input buffer of modem B;

transmitting M packets of data from modem B
to modem A where M is equal to Iy if J is less than Iy,

20 where M is equal to J if J is greater than or equal to
IB’ and where L is equal to NB if J is greater than Np
so that the minimum number of packets transmitted is Iz
and the maximum is N_;

where allocation of control between modem A

25 and B is dependent on the volume of data stored in the

input buffers of modems A and B;

generating an analog waveform at modem A in-
cluding first and second frequency components at f1 and
fz;

30 } transmitting said waveform from modem A to
modem B at time TA;

adjusting the phases of said first and and
second frequency components so that their relative phase
difference at time T

A
35 detecting energy at frequency fl at modem B

is equal to about 0°;

to determine the estimated time, T that said wave-

] EST’
form arrives at modem B;
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determining the relative phase difference at
modem B between said first and second frequency com-
ponents at time TEST;

5 calculating the number of sampling time off-
sets, NI’ required for the relative phase of said first
and second carriers to change from 0 to said relative
phase difference; and

changing the magnitude of TEST by N, sampling

10 intervals to obtain a precise timing reference, TO'
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(57) Abstract

Proposed is a method of bi-directional data transmission over a two-wire line. Digital data destined for transmission or reception,
e.g. using discrete multitone modulation (DMT), are modulated or demodulated as appropriate and separated by time-division multiplexing.
The appropriate multiplex time frame is subdivided into a predetermined number N of time slots and a number K of those time slots is
assigned exclusively to one direction, e.g. transmission, the remaining time slots (= N-K in number) being assigned exclusively to the other

direction (e.g. reception).

(57) Zusammenfassung

Verfahren zur bidirektionalen Dateniibertragung iiber eine Zweidrahtleitung, wobei digitale Daten zum Senden oder Empfangen,
z.B. mittels diskreter Mehrtonmodulation (DMT), moduliert bzw. demoduliert und die zu sendenden und zu empfangenden Daten durch
Zeitmultiplexbetrieb getrennt werden, wobei der zugehorige Multiplex-Zeitrahmen in eine vorbestimmbare Anzahl N von Zeitschlitzen
unterteilt wird, und davon eine Anzahl K von Zeitschlitzen ausschlieBlich einer Ubertragungsrichtung, z.B. Senden, und die restliche Anzahl
(N-K) von Zeitschlitzen ausschlieBlich der anderen Ubertragungsrichtung, z.B. Empfangen, zugeordnet wird.
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Verfahren zur bidirektionalen Dateniibertragung iiber eine Zweidrahtleitung

Die Erfindung betrifft ein Verfahren zur bidirektionalen Dateniibertragung iiber eine
Zweidrahtleitung, wobei digitale Daten zum Senden oder Empfangen, z.B. mittels diskreter
Mehrtonmodulation (DMT), moduliert bzw. demoduliert und die zu sendenden und zu
empfangenden Daten, z.B. durch Frequenzmultiplexbetrieb (FDM) oder Echoausléschung
(EC), getrennt werden.

Um storende Beeinflussung von zu iibermitteltenden Daten zu beseitigen, fithren bekannte
Verfahren dieser Art die Trennung der 2zB. DMT-modulierten Daten im
Frequenzmultiplexbetrieb (FDM) durch, wobei unterschiedliche Frequenzbereiche fiir die
beiden Ubertragungsrichtungen festgelegt sind. Eine weitere Moglichkeit zur Trennung
besteht in der Anwendung des Echoausloschungsverfahrens (EC), bei dem durch den Einsatz
adaptiver Filter der EinfluB des Sendeteils auf den Empfinger durch adaptive Filter
unterdriickt wird. Andere Trennverfahren wurden im Stand der Technik in diesem
Zusammenhang bisher nicht verwendet.

Das FDM-Verfahren erzeugt bei der Ubertragung entsprechend den beiden
Ubertragungsrichtungen ein unteres und ein oberes Frequenzband. Da aber die
Kabelddmpfung frequenzabhidngig ist, bereitet es grofe Schwierigkeiten fiir beide
Ubertragungskanile die gleiche Ubertragungsqualitit zu erzielen, in den iiberwiegenden
Fillen ist die Ubertragungsqualitiit in eine besser als in die andere Richtung. Generell ist es
aber erwiinscht, eine moglichst gleiche Qualitét fiir beide Kanile anbieten zu konnen.
Weiters ist bei FDM die Variation der Ubertragungskapazitit mit erheblichem Aufwand
verbunden, da dafiir eine Anpassung der jeweils verwendeten Bandfilter erforderlich ist,
sodaf die Kanalbandbreite entsprechend erhéht oder erniedrigt werden kann.

Das weiters aus dem Stand der Technik bekannte Echoausldschungs-Verfahren weist ebenso
" wenn auch anders geartete Nachteile auf. So ist bei diesem Verfahren das Nah-
Nebensprechen ein grofies technisches Problem, da der Signalabstand zwischen Sende- und
Empfangssignal sehr grof} ist. Es miissen daher sehr hohe Anforderungen an die bei den
Sende- und Empfangsteilen vorgesehenen A/D-Wandler erfiillt werden, da Sende- und
Empfangssignale gleichzeitig auftreten und diese entprechend gut getrennt werden miissen.
Die hohen Pegelunterschiede der Sende- und Empfangssignale erfordern eine
dementsprechend hohe Auflésung der A/D-Wandler, die wiederum héhere Produktkosten zur
Folge hat.

Fiir die Durchfithrung dieser bekannten Trennmethoden FDM und Echoausidschung ist auch
eine relativ hohe Rechnerleistung erforderlich, die die Kosten fiir die Dateniibertragung stark
erhshen. Besonders bei Anwendung in Fillen, in denen wie etwa bei ADSL (Asymmetric
Digtal Subscriber Line) in einer Ubertragungsrichtung ("downstream) groBe Datenraten von
einer zentralen Datenanlage zu einem an der Peripherie gelegenen Teilnehmer und
vergleichsweise geringe Datenraten in die andere Ubertragungsrichtung ("upstream")
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iibermittelt werden sollen, ist der bei diesen bekannten Dateniibertragungsverfahren
getriebene Aufwand nur einer schlechten Nutzung unterworfen.

Ziel der Erfindung ist es, ein Verfahren anzugeben, das sich durch geringe Komplexheit
hinsichtlich Hardware-Einsatz bzw. Rechnerleistung auszeichnet, sodafl die Durchfiihrung
auf einfache und kostengiinstige Weise erfolgen kann.

Weiters ist es Ziel der Erfindung, ein Verfahren zu schaffen, mit dem sich bei
Ubertragungen, die zu einem groBen Teil nur in einer der beiden Ubertragungsrichtungen vor
sich gehen, mit hoher Ubertragungsgeschwindigkeit durchfiihren lassen.

Weitere Aufgabe der Erfindung ist es, eine sehr gute Ubertragungsqualitit mit relativ
geringem  technischen Aufwand =zu erreichen, wobei eine Anderung der
Ubertragungskapazitit einfach und kostengiinstig moglich sein soll.

Erfindungsgemdf wird dies dadurch erreicht, dal} die zu sendenden und zu empfangenden
Daten durch Zeitmultiplexbetrieb (TDM) getrennt werden, wobei der zugehorige Multiplex-
Zeitrahmen in eine vorbestimmbare Anzahl N von Zeitschlitzen unterteilt wird, und davon
eine Anzahl K von Zeitschlitzen ausschlieBlich einer Ubertragungsrichtung, z.B. Senden, und
die restliche Anzahl (N-K) von Zeitschlitzen ausschlieBlich der anderen
Ubertragungsrichtung, z.B. Empfangen, zugeordnet wird.

Da beim erfindungsgemifBen Verfahren entweder nur Sender- oder nur Empfiangerfunktionen
aktiv sind, wird weniger Prozessorleistung als bei herkémmlichen Verfahren benétigt, da
letztere einen sehr hohen internen Datenverkehr zu bewiltigen haben. Dadurch gelingt es,
eine nach dem erfindungsgeméBen Verfahren durchgefithrte Ubertragung sehr kostengiinstig
zu implementieren.

Das erfindungsgemiafle Verfahren bietet weiters den Vorteil einer gleichen
Ubertragungsqualitit in beiden Ubertragungsrichtungen, da Senden und Empfangen bei
TDM mit der gleichen Leitungsddmpfung erfolgt. Dadurch konnen beide
Ubertragungsrichtungen mit  geringstmdglicher  Qualtititsminderung im  gleichen
Frequenzbereich durchgefithrt werden. Ein weiterer Vorteil des erfindungsgeméfen
Verfahrens ist die sehr einfache Verinderung der Ubertragungskapazitit, die durch die
entspechende Wahl der Anzahl der Zeitschiitze fiir die jeweilige Ubertragungsrichtung
ermoéglicht wird.

Als besonders vorteilhaft bei asymmetrischer Dateniibertragung kann es sein, wenn in einer
Ubertragungsrichtung der Grofteil der Daten und in der anderen nur ein kleiner Rest
ibertragen wird. Dies ist dann gegeben, wenn die Anzahl N der Zeitschlitze sehr viel grofer
als die Anzahl K gewihlt wird. Vorzugsweise ist diese Bedingung erfiillt, wenn N gleich 30
und K gleich 1 ist.

Da das erfindungsgemidBe Verfahren zur Dateniibertragung iiber Telephonleitungen
eingesetzt werden kann, kann es z.B. durch die Nummernwahl auf der Leitung zu
impulsartigen Storungen kommen, die einen Ubertragungsfehler bewirken, der unbedingt
korrigiert werden muf. Die Dateniibertragung muB aber nicht iiber Telephonleitungen
erfolgen, sie kann im Rahmen der Erfindung iiber jede dafiir geeignete Zweidrahtleitung
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geschehen. Genauso konnen die unterschiedlichsten elektromagnetischen Stdrungen, auch
systemexterne, auf die Dateniibertragung ihren Einflu} haben.

Das bekannte ARQ (Automatic Repeat Request)-Verfahren wird zur Fehlerkorrektur
iblicherweise so eingesetzt, dafl die Dateniibertragung auch bei beliebigen Stérungen auf der
Leitung fehlerfrei bleibt, wobei der Datendurchsatz jedoch stark absinken kann, da ein
fehlerhaft ibertragenes Datenpaket solange wiederholt wird, bis es fehlerfrei empfangen
wird.

In weiterer Ausbildung der Erfindung kann daher vorgesehen sein, da im Multiplex-
Zeitrahmen der Dateniibertragung im Zeitmittel eine vorbestimmbare Anzahl von
Zeitschlitzen fir ARQ (Automatic Repeat Request)-Ubertragungswiederholungen
vorgeschen sind.

Bei dieser Ausfithrungsform steht somit standig Ubertragungs-Uberkapazitat zur Verfiigung.
Wird ein Datenblock fehlerhaft empfangen, fordert der Empfinger nur so oft eine
Wiederholung an, wie es im Rahmen der im Zeitmittel zur Verfligung stehenden
Uberkapazitat moglich ist, sodaB unbeeinfluBt durch die Ubertragungswiederholungen der
nominelle Datendurchsatz konstant gehalten werden kann. Im fehlerfreien Ubertragungsfall
wird ein hoher redundantes Signal tibermittelt. Die Dauer der Zeitspanne, iiber die die
Zeitmittelung erfolgt, ist im wesentlichen durch die Speicherkapazitit des eingesetzten ARQ-
Puffers begrenzt.

Nach einer anderen Variante der Erfindung kann vorgesehen sein, daf bei fehlerhafter
Ubertragung die Daten, z.B. mittels eines Rechenalgorithmus, modifiziert iibertragen
werden.

Dadurch kann der bei der Ubertragung aufiretende Fehler, der durch das Abschneiden eines
Teils der Amplitude bei Sende-Ubersteuerung hervorgerufen wird, korrigiert werden.

In besonders bevorzugter Weise kann dabei vorgesehen sein, daB die Daten durch logische
Inversion modifiziert werden.

Diese Inversionsoperation stellt einen sehr einfach berechenbaren Algorithmus dar, der ohne
groflen Aufwand realisierbar ist.

Weiters kann vorgesehen sein, daf3 die Schaltfrequenz einer Stérquelle, z.B. ein Netzteil, mit
einer der Tragerfrequenzen der diskreten Mehrtonmodulation synchronisiert wird.

Dadurch kann das auf frequenzselektive Stérungen empfindliche DMT-Verfahren gegen
bekannte Storquellen gesichert werden. Bei Synchronisation der Schaltfrequenz der
Storquelle auf eine der Trégerfrequenzen der DMT-Modulation wirkt sich die Stérung nur
auf diese Trigerfrequenz und deren Vielfache aus, sodaB sie durch einen adaptiven
Algorithmus kompensiert werden kénnen.

Bei mehreren nebeneinander gefithrten Zweidrahtleitungen, auf denen jeweils Daten
iibertragen werden, ergibt sich iiblicherweise ein Ubersprechen, welches auf die Ubertragung
naturgemal storend wirkt.

Gemail einer anderen Ausfithrungsform des erfindungsgemiflen Verfahrens, bei welchem
Daten tuber zwei oder mehr Zweidrahtleitungen, die zumindest teilweise in
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Ubersprechabstand gefithrt sind, iibertragen werden, kann vorgesehen sein, daB der
Zeitmultiplex-Betrieb (TDM) auf allen Zweidrahtleitungen synchron durchgefithrt wird,
sodaB auf allen Zweidrahtleitungen gleichzeitig entweder gesendet oder empfangen wird.
Dadurch wird immer zur gleichen Zeit entweder gesendet oder empfangen, sodafl eine
stérende Beeinflussung der einzelnen Empfinger durch nicht direkt verbundene Sender
vermieden werden kann.

Im folgenden wird die Erfindung anhand eines in den Zeichnungen dargesteliten
Ausfithrungsbeispieles néher erlautert.

Es zeigt dabei:

Fig.1 ein Blockschaltbild zur Durchfithrung einer Ausfithrungsform des erfindungsgeméfien
Verfahrens und

Fig.2 eine schematische Darstellung eines erfindungsgeméBen Zeitrahmens.

Eine bidirektionale Dateniibertragung von digitalen Daten gemifl dem in Fig.1 dargestellten
Blockschaltbild wird durchgefiihrt, indem beim Senden die aus einer Datenquelle 1.4
kommenden digitalen Daten im Sendeteil 50 zu einem analogen Sendesignal umgewandelt
und itber einen Leitungsiibertrager 13 einer Zweidrahtleitung 100 an einen am Ende dieser
Leitung 100 gelegenen Teilnehmer iibertragen werden. Demgegeniber wird ein auf der
Zweidrahtleitung 100 ankommendes Signal iiber den Leitungsiibertrager 13 als
Empfangssignal an den Eingang eines Empfangteils 51 gefiihrt und dort in digitale Daten
umgewandelt. Da beim erfindungsgemifien Verfahren nie gleichzeitig gesendet und
empfangen wird, kann an Stelle einer sonst iiblichen Gabelschaltung der Leitungsiibertrager
13 verwendet werden, wodurch die oft problematische Anpassung der Gabelschaltung an die
Leitungsimpedanz von vornherein wegfillt. Ein durch eine Gabelschaltung bedingtes
stérendes Ubersprechen, durch welches Signalreste vom Sender zum Empfinger derselben
Teilnehmerseite gelangen, scheidet somit als Stérquelle fiir dieses Verfahren aus.

In dem in Fig.1 gezeigten Ausfithrungsbeispiel ist der Sende- und Empfangsteil 50, 51
sowohl einer zentralen Datenstelle C (CENTRAL) alsauch einer peripheren Datenstelle R
(REMOTE) in einem einzigen Blockschaltbild dargestellt. welches so zu verstehen ist, daf3
die zentrale Datenstelle C iiber den Ubertrager 13, die Zweidrahtleitung 100 und einen
weiteren Ubertrager 13 mit der Datenstelle R verbunden ist. Jene Funktionseinheiten, die nur
zur Datenstelle C bzw. R zugehorig sind, sind mit "ATU-C only" bzw. "ATU-R only"
gekennzeichnet.

Ohne Beschrankung der allgemeinen Anwendbarkeit des erfindungsgeméflen Verfahrens sei
als Ausfilhrungsbeispiel einer asymmetrischen Datenitbertragung ein Heimvideosystem
beschrieben, bei welchem in der zentralen Datenstelle C die Videoinformation verschiedener
Videos in einem Grofirechner als Daten in komprimierter Form gespeichert und iiber eine
periphere Datenstelle R abrufbar ist. Uber einen bidirektionalen Steuerkanal wird die
Steuerinformation zwischen den Datenstellen C und R ausgetauscht, wobei eine Datenrate
von 64 kbit/s festgelegt ist. Diese Steuerinformation kann sich auf verschiedene vom
Teilnehmer auszugebende Befehle, wie etwa PLAY, REWIND o0.4, wie sie von einem
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Videorecorder bekannt sind sowie interne Steuerkommandos beziehen und ist in ihrer Menge
vergleichsweise gering gegeniiber der von der zentralen Datenstelle C ausgesendeten
Breitbandinformation, die im wesentlichen die Videoinformation beinhaltet, die mit einer
Dateniibertragungsrate von 2, 048 Mbit/s nur in einer Richtung von C zu R gesendet wird.
Die genannten Datenraten kénnen jedoch fiir das erfindungsgemifie Verfahren aber auch
génzlich anders, z.B. viel hoher gewihlt werden, wobei fiir die nur in eine Richtung zu
libermittelnde Breitbandinformation auch eine Datenrate von etwa 50 Mbit/s bis 150 Mbit/s
zur Verfiigung gestellt werden kann. Die iibertragene Information kann dabei jede Art von
Sprach-, Bild- oder Dateninformation darstellen. Ebenso ist eine andere Rate fiir den
bidirektionalen Steuerkanal ausfiihrbar, der aber nicht nur Steuerfunktionen sondern alle
moglichen Dateniibertragungsfunktionen erfiillen kann.
Am eingangsseitigen Teil des Sendeteils 50 sind fiir die Datenstelle C zwei verschiedene
Dateneingénge und fiir die Datenstelle R nur ein Dateneingang ausgebildet. An den ersten
Eingang, der fiir C und R gleich ist, gelangt der Datenstrom aus der Datenquelle 1, die z.B.
im wesentlichen Steuerbefehle aussendet, die liber einen nachfolgenden Verwiirfler 2 in
einen diesem nachfolgenden Sendepuffer 3 gelangen, wobei die aus der Datenquelle 1
kommenden Daten im Verwiirfler 2 nach einem vorbestimmbaren Algorithmus gewandelt
werden. Dadurch wird ein linger andauernder, konstanter logischer Zustand verhindert und
eine ausgeglichene statistische Verteilung der biniren Zustinde erreicht. AnschlieBend daran
erfolgt im Sendepuffer 3 eine Zwischenspeicherung der verwiirfelten Signale. In der
Datenstelle R sind die aus dem Sendepuffer 3 austretenden Daten iiber eine Vorrichtung
MUX mit anderen Daten, die im ARQ-Puffer 24 erzeugt werden und Wiederholanweisungen
enthalten, gemultiplext.
Am zweiten Eingang des Sendeteils 50, der nur fiir die Datenstelle C ausgefiihrt ist, kommt
der Datenstrom aus der Datenquelle 4, die die Breitbandinformation generiert, iiber einen
" nachfolgenden Verwiirfler 5 und tiber einen ARQ (Automatic Request)-Puffer 6, der einen
CRC-Generator enthilt, iiber den eine Fehlerkorrekturkodierung erfolgt, an den zweiten
Eingang des Sendeteiles 50. Die im Verwiirfler 5 umgewandelten Daten werden im ARQ-
Puffer 6 zwischengespeichert und bei fehlerhafter Ubertragung wiederholt. Eine besondere.
erfindungsgemife ARQ-Ubertragungstechnik wird weiter unten noch beschrieben.
Die iiber die Eingidnge des Sendeteils 50 seriell eintreffenden Daten werden im Kodierer 7
zum Herabsetzen der Datenrate in vorbestimmbarer Lénge zusammengefafit und anhand
einer Kodiertabelle einem entsprechenden Symbol zur weiteren Verarbeitung zugeordnet.
Weiters wird dieses kodierte Signal in dem nachfolgenden DMT (Discrete Multi Tone)-
Modulator 8 nach diesem bekannten Verfahren moduliert und iiber ein HochpaB-Filter 9
geleitet, welches zur Vermeidung von Stéreinflissen im  wesentlichen das
Sprachfrequenzband unterdriickt. Das digitale Ausgangssignal dieses HochpaB-Filters 9 wird
iiber einen Digital-Analog-Wandler 10 in ein analoges Signal gewandelt, welches iiber ein
BandpaB-Filter 11 und anschliefend tiber einen Verstirker 12 zum Wandler 13 gelangt. Das
Bandpaf3-Filter 11 erfiillt einerseits nochmals die Funktion des Hochpasses 11 und
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andererseits schneidet es die durch den Analog-Digital-Wandler 10 hervorgerufenen
hochfrequenten Spannungsspitzen ab. Die Frequenz der Analog-Digital-Wandlung ist zur
Erfiillung des Abtasttheorems so gewihlt, daB fiir die hochsten vorkommenden Frequenzen
mindestens zweimal eine Abtastung durch den Analog-Digital-Wandler 10 erfolgt.

Der Sendeteil 50 und der Empfangsteil 51 sind durch eine TDM (Time Division Multiplex)-
Einheit 30 gesteuert, sodaf} erfindungsgemif die zu sendenden und die zu empfangenden
Daten durch Zeitmultiplexbetrieb getrennt werden, wobei der zugehorige Multiplex-
Zeitrahmen in eine vorbestimmbare Anzahl N von Zeitschlitzen unterteilt wird, und davon
eine Anzahl K von Zeitschlitzen des Zeitrahmens auschlieBlich einer Ubertragungsrichtung,
z.B. Senden, und die restliche Anzahl N-K von Zeitschlitzen ausschlie8lich der anderen
Ubertragungsrichutng, z.B. Empfangen, zugeordnet wird. Dazu steuert die TDM-Einheit den
Sendeteil 50 und den Empfangsteil 51, indem sie zur gegebenen Zeit diese aktiviert. Der
Sendeteil 50 und der Empfangsteil 51 sind dabei nie gleichzeitig in Betrieb, wodurch die fiir
die Steuerung benétigte Prozessorleistung entsprechend niedrig ausgelegt werden kann. Da
dadurch auch eine Beeinflussung des eigenen Senders auf den Empfinger ausgeschlosssen
ist, ist fiir den Analog-Digital-Wandler 16 des Empfingerteils nur eine geringe Auflésung
erforderlich. Dieser Vorteil wirkt sich infolge der direkien Proportionalitdt von Auflésung
und Preis bei Analog-Digital-Wandlern sehr kostengiinstig aus.

Das erfindungsgemifle Verfahren hat den Vorteil eines relativ geringen Bandbreitenbedarfes
und einer sehr geringen Komplexheit, die sich bei der Hardware bzw. bei der benétigten
Rechnerleistung zeigt. Bei herkommlichen Verfahren zur Trennung von Senden und
Empfangen geht ein betrichtlicher Teil der Rechnerleistung fiir interne Kommunikation
verloren, wihrend beim erfindungsgeméflen Verfahrern diese Rechner-Hilfskapazitiit sehr
gering gehalten werden kann.

Das erfindungsgemifBe Verfahren hat dort seine Grenze, wo sich der Anteil des Sendens und
Empfangens der 50%-Prozentgrenze nahert, da dann andere Verfahren etwa wie Echo-
Cancelling o.4. mit gleichgroem oder kleinerem Aufwand durchgefiihrt werden kénnen.

In Fig.2 ist der in Zeitschlitze unterteilte Zeitrahmen, wie er im erfindungsgemifen
Verfahren zur Anwendung gelangt, dargestellt. Die beiden Ubertragungsrichtungen sind
durch die Ausdriicke "upstream" und "downstream" gekennzeichnet. Der ganze Zeitrahmen
ist in diesem Beispiel 20,625 ms lang und in verschiedene Schlitze zu 625 us aufgeteilt,
wobei die Mehrzahl der Daten in downstream-Richtung {ibertragen wird. Diese Aufteilung
ist besonders dann von Vorteil, wenn in einer Ubertragungsrichtung ein bidirektionaler Kanal
mit geringer und ein unidirektionaler Kanal mit hoher Datenrate benétigt wird. In dem
dargestellten Ausflihrungsbeispiel werden iiber den bidirektionalen Kanal durch die mit
CONTROL bezeichneten Zeitschlitze in downstream- und upstream-Richtung Steuerbefechle
und iiber den unidirektionalen Kanal durch die mit VIDEO bezeichneten 30 downstream-
Zeitschlitze mit im Zeitmittel einem Hilfsschlitz Videoinformation iibertragen. Diese Art der
Ubertragung kann fiir beliebige Informationen erfolgen.
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Die Verteilung der Sende- bzw. Empfangskapazititen ist den jeweiligen Verhiltnissen durch
Wahl der Anzahl der upstream bzw. downstream-Zeitschlitze anpafibar. Bei sich indernden
Auslastungen kann dieses Verhiltnis automatisch entsprechend dem aktuellen Bedarf
abgestimmt werden. Die festgelegten Sende- und Empfangszeiten haben gegeniiber einer
Frequenzmultiplex-Ubertragung den Vorteil, daB nicht gleichzeitiz empfangene und zu
sendende Daten verarbeitet werden miissen, wodurch die Rechnerleistung bzw. der
Hardware-Aufwand entsprechend niedrig ausgelegt werden kann. In jedem DMT-Schlitz
wird eine codierte und DMT-modulierte Dateneinheit iibertragen.

Fir ARQ-Ubertragungswiederholungen  wird gem#B  einer erfindungsgeméfien
Ausfuhrungsform im Multiplex-Zeitrahmen der Dateniibertragung im Zeitmittel eine
vorbestimmbare Anzahl von Zeitschlitzen fir ARQ-Ubertragungswiederholungen
vorgesehen sind. Dazu werden beim Senden der Daten diese stindig in den ARQ-
Sendepuffer 6 eingeschrieben und von diesem wieder an den Kodierer 7 weitergegeben.
Dabei werden die vom Puffer 6 abgehenden Daten schneller iibertragen als dieser gefiilit
wird. In der dabei entstehenden Liicke wird erneut jeweils der letzte Datenblock eingetragen,
dieser wird jedoch empfingerseitig als wiederholter Block erkannt und automatisch beseitigt.
Somit wird im fehlerfreien Ubertragungsfall stindig mit Uberkapazitit gesendet, ohne daf
der iibertragene Informationsgehalt grofer ist.

Sobald ein Ubertragungsfehler auftritt, erkennt der Empfinger in der peripheren Datenstelle
R den Fehler mittels seiner CRC- Fehlererkennung in der ARQ-Einheit 24 und gibt darauf
den Befehl iiber den Multiplexer des Sendepuffers 3 zur Datenwiederholung weiter, der dann
als Steuerinformation iiber den bidirektionalen Kanal gesendet wird. In der zentralen
Datenstelle C wird diese Information nach Durchlaufen des Empfingerteils 51 im
Empféangerpuffer 27 gedemultiplext und ein Steuerbefehl an den ARQ-Puffer 6 gegeben, die
fehlerhafte Ubertragung zu wiederholen.

Dafiir steht in diesem Ausfithrungsbeispiel im Zeitmittel nur ein Hilfsschlitz zur Verfiigung,
was einer Uberkapazitit von 3,33% entspricht. Dauer und Anzahl der Hilfsschlitze sind in
diesem Zusammenhang keiner Einschrinkung unterworfen und konnen innerhalb des
technisch Realisierbaren beliebig den jeweiligen Verhéltnissen angepalit werden.

Nach einer Fehlibbertragung wird nun im  darauffolgenden Zeitrahmen, die
Wiederholungstibertragung durchgefithrt, die sich {iiber mehrere nacheinanderfolgende
Zeitschlitze erstrecken kann. Gemittelt iiber die Zeit sollte in diesem Beispiel nur ein
Zeitschlitz pro Rahmen fiir die Wiederholungen benutzt werden.

Die Zeitspanne, iiber die dabei das Zeitmittel berechnet wird, ist durch die Grofle des ARQ-
Pufferspeichers festgelegt. Sobald dieser mit Information vollgeschrieben ist, kénnen keine
weiteren Wiederholungen durchgefiihrt werden und der fehlerhafte Datenblock muf als
transparent ausgegeben werden.

Gegeniiber einem herkdmmlichen ARQ-Verfahren ist die fiir die Datenwiederholungen
festgelegte Zeitspanne im Zeitmittel fixiert. Dadurch kann es nicht passieren, dal} aufgrund
einer langer andauernden Storung die Ubertragung solange wiederholt wird bis sie fehlerfrei
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ist und damit die Ubertragungszeit sich stark erhéht. Durch das bekannte ARQ-Verfahren
wird die Dateniibertragung auch bei beliebigen Storungen solange wiederholt, bis sie
fehlerfrei empfangen wird, wodurch der Datendurchsatz aber sehr stark sinkt. Hingegen wird
durch die feste Uberkapazitit, die zwischen 2 und 10%, vorzugsweise aber zwischen 3 und
5% liegt, im erfindungsgemiBen Verfahren die Ubertragung nur so oft wiederholt, wie es im
Rahmen der Uberkapazitit moéglich ist, um den nominellen Datendurchsatz aufrecht zu
erhalten. Kann bei mehreren aufeinanderfolgenden falschen Datenblécken einer nicht mehr
wiederholt und richtig empfangen werden, wird er transparent ausgegeben.

Bei einem durch die diskrete Mehrtonmodulation (DMT) modulierten Signal ist das
Verhiltnis von Spitzenwert zu Mittelwert sehr groB, sodafl ein Abkappen ("Clipping") der
Signalspitze eine hidufige Fehlerquelle darstellt. Um diesen Fehler auf einfache Weise zu
korrigieren, kann nach einer fehlerhaften Dateniibertragung die digitale Bitfolge beim
Wiederholvorgang im Sender z.B. durch einen Rechenalgorithmus, modifiziert werden und
dann erneut iibertragen werden. Im Empfinger wird der verwendete Rechenalgorithmus
entsprechend in Umkehrung angewendet und die Daten wiedergewonnen. Dadurch kann
dieser Ubertragungsfehler sehr effektiv ausgeschaltet werden. Im besonderen ist es
schaltungs- oder rechentechnisch auf einfache Weise durchfiihrbar, die fehlerhaften Daten in
invertierter Form zu iibertragen

Eine weitere Storquelle beim DMT-Verfahren ergibt sich aus der Schaltfrequenz der
eingesetzten Spannungsversorgung, z.B. des Netzteils, da diese Schaltfrequenz im
Ubertragungsbereich liegt und somit als frequenzselektive Storung ihre Auswirkung zeigt.
Hinzu kommt die Abhingigkeit dieser Stérungen von anderen EinfluBgréBen, etwa die
gerade am Netzteil vorliegende Last. Diese Art von Stérungen kdnnen verringert werden,
indem die Schaltfrequenz des Netzteils auf eine der Tragerfrequenzen der DMT-Modulation
synchronisiert wird. Damit wirkt sich diese Stérung nur auf diese Trigerfrequenz und ihre
" Vielfache aus, sodaB sie sehr leicht durch einen adaptiven Algorithmus kompensiert werden
kénnen.

In Fig.1 ist weiters der dem Sendeteil 50 entsprechende Empfangsteil 51 dargestellt. Die tiber
die Zweidrahtleitung 100 und den Ubertrager 13 von der anderen Teilnehmerseite
einlangenden Signale werden {liber einen Bandpa 14 und iiber eine AGC (Automatic Gain
Control)-Einheit, die unabhingig von den momentanen Signalverhiltnissen auf der Leitung
ein anndhernd amplitudenkonstantes Signal erzeugt, an den Eingang eines zum Empfangsteil
51 gehérigen Analog-Digital-Wandlers 16 gefithrt, dessen Ausgang mit einem Hochpaf-
Filter 17 verbunden ist. Das am Eingang des Hochpasses 17 anliegende Signal wird iiber
einen AGC-Regelkreis 18 als StellgroBe zur AGC-Einheit 15 riickgefiihrt.

Nach dem Hochpal 17 erfolgt die Demodulation des Signals, aus welchem nur in der
peripheren Datenstelle R der mitiibertragene Pilotton einer Pilot-AGC-Einheit 20 zugefithrt
wird, woraus in der Taktgewinnungseinheit 21 ein Referenzsignal fir die
Takterzeugungseinheit 31 der peripheren Datenstelle R gewonnen wird. Diese
Takterzeugungseinheit 31 generiert fiir die TDM-Einheit 30 und fiir den Systemtakt die
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Zeitbasis. Die Datenstelle C benétigt keine Taktgewinnungseinheit, da hier eine unabhiingige
Zeitbasis vorgesehen ist.

Die durch die Ubertragungsstrecke bewirkten linearen Verzerrungen werden in einem an den
DMT-Demodulator 19 anschliefenden Entzerrer 22 mit update-Funktion beseitigt. Daran
anschlieBend findet in einem Dekodierer 23 das Umschliisseln entsprechend einer
Dekodiertabelle statt, woraufhin am Ausgang des Dekodieres 23 wieder ein serieller
Bitstrom vorliegt, der iiber zwei Ausginge gefiihrt wird. Der fiir Datenstelle C und R gleich
ausgefiihrte erste Ausgang besteht aus einem Empfangs-Puffer 27 fiir Steuerinformation,
einem nachfolgenden Entwiirfler 28, in welchem die Daten in ihrer richtigen Reihenfolge
wiederhergestellt werden und der Datensenke 29, die die gesendeten Steuerdaten empfingt.
Der zweite Ausgang des Empfangsteils 51, welcher nur fiir die Datenstelie R vorgesehen ist,
ist mit einem ARQ-Puffer 24 verbunden, der die iibertragene Breitbandinformation aus der
Datenstelle C zwischenspeichert, verifiziert und bei Bedarf iiber eine im ARQ-Puffer 24
integrierte Steuereinheit den Befehl zum nochmaligen Senden der fehlerhaft tibertragenen
Daten an den Multiplex-Eingang des Sendepuffers 3 gibt, der zur Datenstelle C
riickiibertragen wird. Am Ausgang des ARQ-Puffers 24 ist ein Entwiirfler 25 und daran
anschlieBend eine Datensenke 26 zur Ubernahme der Breitbandinformation angeschlossen.
Werden Daten iiber zwei oder mehr Zweidrahtleitungen, die zumindest teilweise in
Ubersprechabstand gefiihrt sind, iibertragen, kann es geschehen, daB durch die gegenseitige
induktive Beeinflussung der Zweidrahtleitungen es zum Ubersprechen kommt. Besonders in
einer zentralen Datenanlage, in der viele abgehende Zweidrahtleitungen nebeneinander
geflihrt werden, kann es zu dieser unerwiinschten Stérung kommen.

Bei einer Ausfithrungsform des erfindungsgeméfen Verfahrens wird diese Art der Stérung
vermieden, indem der Zeitmultiplex-Betrieb auf allen Zweidrahtleitungen synchron
durchgefiihrt wird. Dies bedeutet, daB3 gleichzeitig iiber alle Zweidrahtleitungen entweder
gesendet oder empfangen wird, sodal} keine Beeinflussung mehr méglich ist.
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1.  Verfahren zur bidirektionalen Dateniibertragung iiber eine Zweidrahtleitung, wobei
digitale Daten zum Senden oder Empfangen, z.B. mittels diskreter Mehrtonmodulation
(DMT), moduliert bzw. demoduliert und die zu sendenden und zu empfangenden
Daten, z.B. durch Frequenzmultiplexbetrieb (FDM) oder Echoausléschung (EC),
getrennt werden, dadurch gekennzeichnet, dall die zu sendenden und zu
empfangenden Daten durch Zeitmultiplexbetrieb (TDM) getrennt werden, wobei der
zugehorige Multiplex-Zeitrahmen in eine vorbestimmbare Anzahl N von Zeitschlitzen
unterteilt wird, und davon eine Anzahl K von Zeitschlitzen ausschlieflich einer
Ubertragungsrichtung, z.B. Senden, und die restliche Anzahl (N-K) von Zeitschlitzen
ausschlieBlich der anderen Ubertragungsrichtung, z.B. Empfangen, zugeordnet wird.

2. Verfahren nach Anspruch 1, dadurch gekennzeichnet, dafi N gleich 30 und K gleich
1 ist.

3.  Verfahren nach Anspruch 1 oder 2, dadurch gekennzeichnet, da im Multiplex-
Zeitrahmen der Dateniibertragung im Zeitmittel eine vorbestimmbare Anzahl von
Zeitschlitzen fir ARQ (Automatic Repeat Request)-Ubertragungswiederholungen
vorgesehen sind.

4. Verfahren nach Anspruch 1, 2 oder 3, dadurch gekennzeichnet, dafl bei fehlerhafter
Ubertragung die Daten, z.B. mittels eines Rechenalgorithmus, modifiziert wiederholt
tibertragen werden.

5. Verfahren nach Anspruch 4, dadurch gekennzeichnet, dafl die Daten durch logische
Inversion modifiziert werden.

6.  Verfahren nach Anspruch 1 bis 5, dadurch gekennzeichnet, dafl die Schaltfrequenz
einer Storquelle, z.B. ein Netzteil, mit einer der Trédgerfrequenzen der diskreten
Mehrtonmodulation synchronisiert wird.

7. Verfahren nach Anspruch 1 bis 6, wobei Daten iiber zwei oder mehr
Zweidrahtleitungen, die zumindest teilweise in Ubersprechabstand gefithrt sind,
tibertragen werden, dadurch gekennzeichnet, daf} der Zeitmultiplex-Betrieb (TDM)
auf allen Zweidrahtleitungen synchron durchgefiihrt wird, sodaB auf allen
Zweidrahtleitungen gleichzeitig entweder gesendet oder empfangen wird.
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SPLITTERLESS MULTICARRIER MODEM

Cross-reference to related applications:

This application is based in part on the following applications filed by one or more

of the inventors herein:

U.S. Provisional Patent Application Serial No. 60/061,689, filed October 10, 1997
by Richard Gross, John Greszcuk, Dave Krinsky, Marcos Tzannes, and Michael Tzannes
and entitled “Splitterless Multicarrier Modulation For High Speed Data Transport Over

telephone Wires”,;

U.S. Provisional Patent Application Serial No. **** filed January 16, 1998 by
Richard Gross and Michael Tzannes and entitled “Dual Rate Multicarrier Transmission

System In A Splitterless Configuration”;

U.S. Provisional Patent Application Serial No. *** filed January 21, 1998 by
Richard Gross, Marcos Tzannes and Michael Tzannes and entitled “Dual Rate Multicar-

rier Transmission System In A Splitterless Configuration”.

U.S. Provisional Patent Application Serial No. *** filed January 26, 1998 by
Richard Gross, Marcos Tzannes and Michael Tzannes and entitled “Multicarrier Sys-

temWith Dynamic Power Levels”.

The disclosures of these applications are incorporated by reference herein in their

entirety.
Background of the invention
A. Field of the invention.

The invention relates to telephone communication systems and, more particularly,
to telephone communication systems which utilize discrete multitone modulation to

transmit data over digital subscriber lines.
B. Prior art.

The public switched telephone network (PSTN) provides the most widely avail-

able form of electronic communication for most individuals and businesses. Because of its

SUBSTITUTE SHEET (RULE 26)
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ready availability and the substantial cost of providing alternative facilities, it is iﬁcreas-

ingly being called upon to accommodate the expanding demands for transmission of sub-
stantial amounts of data at high rates. Structured originally to provide voice communica-
tion with its consequent narrow bandwidth requirements, the PSTN increasingly relies on

digital systems to meet the service demand.

A major limiting factor in the ability to implement high rate digital transmission
has been the subscriber loop between the telephone central office (CO) and the premises
of the subscriber. This loop most commonly comprises a single pair of twisted wires
which are well suited to carrying low-frequency voice communications for which a
bandwidth of 0-4 kHz is quite adequate, but which do not readily accommodate broad-
band communications (i.e., bandwidths on the order of hundreds of kilohertz or more)

without adopting new techniques for communication.

One approach to this problem has been the development of discrete multitone
digital subscriber line (DMT DSL) technology and its variant, discrete wavelet multitone
digital subscriber line (DWMT DSL) technology. These and other forms of discrete
multitone digital subscriber line technology (such as ADSL, HDSL, etc.) will commonly
be referred to hereinafter generically as “DSL technology” or frequently simply as “DSL”.
The operation of discrete multitone systems, and their application to DSL technology, is
discussed more fully in “Multicarrier Modulation For Data Transmission: An Idea Whose

Time Has Come.“, IEEE Communications Magazine, May, 1990, pp. 5-14.

In DSL technology, communications over the local subscriber loop between the
central office and the subscriber premises is accomplished by modulating the data to be
transmitted onto a multiplicity of discrete frequency carriers which are summed together
and then transmitted over the subscriber loop. Individually, the carriers form discrete,
non-overlapping communication subchannels of limited bandwidth; collectively, they
form what is effectively a broadband communications channel. At the receiver end, the

carriers are demodulated and the data recovered from them.

The data symbols that are transmitted over each subchannel carry a number of bits
that may vary from subchannel to subchannel, dependent on the signal-to-noise ratio

(SNR ) of the subchannel. The number of bits that can accommodated under specified

SUBSTITUTE SHEET (RULE 26)
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communication conditions is known as the “bit allocation” of the subchannel, and is calcu-
lated for each subchannel in a known manner as a function of the measured SNR of the

subchannel and the bit error rate associated with it.

The SNR of the respective subchannels is determined by transmitting a reference
signal over the various subchannels and measuring the SNR’s of the received signals. The
loading information is typically calculated at the receiving or “local” end of the subscriber
line (e.g., at the subscriber premises, in the case of transmission from the central telephone
office to the subscriber, and at the central office in the case of transmission from the sub-
scriber premises to the central office) and is communicated to the other (transmitting or
“remote”) end so that each transmitter-receiver pair in communication with each other
uses the same information for communication. The bit allocation information is stored at
both ends of the communication pair link for use in defining the number of bits to be used
on the respective subchannels in transmitting data to a particular receiver. Other subchan-
nel parameters such as subchannel gains, time and frequency domain equalizer coeffi-

cients, and other characteristics may also be stored to aid in defining the subchannel.

Information may, of course, be transmitted in either direction over the subscriber
line. For many applications, such as the delivery of video, internet services, etc. to a sub-
scriber, the required bandwidth from central office to subscriber is many times that of the
required bandwidth from subscriber to central office. One recently developed service
providing such a capability is based on discrete multitone asymmetric digital subscriber
line (DMT ADSL) technology. In one form of this service, up to two hundred and fifty
six subchannels, each of 4312.5 Hz bandwidth, are devoted to downstream (from central
office to subscriber premises) communications, while up to thirty two subchannels, each
also 0f 4312.5 Hz bandwidth, provide upstream (from subscriber premises to central of-
fice) communications. Communication is by way of “frames” of data and control informa-
tion. In a presently-used form of ADSL communications, sixty eight data frames and one
synchronization frame form a “superframe” that is repeated throughout the transmission.
The data frames carry the data that is to be transmitted; the synchronization or “sync”
frame provides a known bit sequence that is used to synchronize the transmitting and re-
ceiving modems and that also facilitates determination of transmission subchannel charac-

teristics such as signal-to-noise ratio (“SNR”), among others.
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Although such systems do in fact provide a significantly increased bandwidth for
data communications, special precautions are required to avoid interference with, and
from, ordinary voice communications and associated signaling that may be taking place
over the subscriber line at the same time that the broadband data is being carried. The
signaling activities commonly include, for example, the transmission of ringing signals,
busy tone, off-hook indications, on-hook indications, dialing signals, and the like, and the
actions commonly accompanying them, e.g., taking the phone off-hook, replacing it on-
hook, dialing, etc. These voice communications and their associated signaling, com-
monly referred to as “plain old telephone service” or POTS , presently are isolated from
the data communications by modulating the data communications onto frequencies that
are higher than those used for POTS ; the data communications and POTS signals are
thereafter separately retrieved by appropriate demodulation and filtering. The filters
which sepafate the data communications and the POTS are commonly referred to as
“POTS splitters”.

The voice and data communications must be separated at both the central office
and the subscriber premises, and thus POTS splitters must be installed at both locations.
Installation at the central office is generally not a significant problem, since a single mo-
dem at the central office can serve a large number of subscribers, and technicians are
commonly available there. Installation at the customer premises is a problem. Typically,
a trained technician must visit the premises of every subscriber who wishes to use this
technology in order to perform the requisite installation. In connection with this, exten-
sive rewiring may have to be done, dependent on the desired location of the ADSL de-
vices. This is expensive and discourages the use of DSL technology on a widespread ba-
sis.

DSL systems also experience disturbances from other data services on adjacent
phone lines (such as ADSL, HDSL, ISDN, or T1 service). These services may commence
after the subject ADSL service is already initiated and, since DSL for internet access is
envisioned as an always-on service, the effect of these disturbances must be ameliorated
by the subject ADSL transceiver.

Summary of the invention
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A. Objects of the invention

Accordingly, it is an object of the invention to provide an improved digital sub-

scriber line communication system.

Further, it is an object of the invention to provide a digital subscriber line com-
munication system which is compatible with existing voice communication services and

which does not require the use of POTS splitters.

Another object of the invention is to provide an improved digital subscriber line
communication system that efficiently handles data communications despite random inter-
ruptions associated with concurrent carriage of voice communications or disturbances

that arise from concurrent data services on adjacent phone lines.
B. Summary description of the invention.
Splitterless Operation

The invention described herein is directed to enhancing the accuracy and reliability
of communications in systems using discrete multitone technology (DMT) to communi-
cate data over digital subscriber lines (DSL) in the presence of voice communications and
other disturbances. For simplicity of reference, the apparatus and method of the present
invention will hereinafter be referred to collectively simply as a modem. One such modem
is typically located at a customer premises such as a home or business and is
“downstream” from a central office with which it communicates; the other is typically lo-
cated at the central office and is “upstream” from the customer premises. Consistent with
industry practice, the modems are often referred to herein as “ATU-R” (“ADSL Trans-
ceiver Unit, Remote”, i.e., located at the customer premises) and “ATU-C” (“ADSL
Transceiver Unit, Central Office”). Each modem includes a transmitter section for
transmitting data and a receiver section for receiving data, and is of the discrete multitone
type, i.e., it transmits data over a multiplicity of subchannels of limited bandwidth. Typi-
cally, the upstream or ATU-C modem transmits data to the downstream or ATU-R mo-
dem over a first set of subchannels, commonly the higher-frequency subchannels, and re-
ceives data from the downstream or ATU-R modem over a second, usually smaller, set of

subchanels, commonly the lower-frequency subchannels.
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Heretofore, such modems have required POTS splitters when used on lines carry-
ing both voice and data. In accordance with the present invention, we provide a data mo-
dem for use in discrete multitone communication systems which carry voice and data
communications simultaneously and which operate without the special filtering provided
by POTS splitters; they are thus “splitterless” modems. In the absence of certain distur-
bances, referred to herein as “disturbance events” and discussed more fully hereinafter,
the modem of our invention transmits data at a rate determined by the transmission ca-
pabilities of the system without regard to such disturbances. Preferably, this is the maxi-
mum data rate that can be provided for the particular communications subchannel, subject
to predefined constraints such as maximum bit error rate, maximum signal power, etc.
that may be imposed by other considerations. On the occurrence of a disturbance event
on the communications channel, however, the modem of the present invention detects the
event and thereupon modifies the subsequent communication operations. Among other
responses, the modem changes the bit allocations (and thus possibly the corresponding bit
rate) and the subchannel gains among the subchannels, so as to limit interference with and
from voice communication activities or to compensate for disturbances from other serv-
ices or sources sufficiently close to the subject subscriber line as to couple interfering sig-
nals into the line. The bit allocations and subchannel gains may be altered for communi-
cations in either direction, i.e., upstream, downstream, or both. Effectively, this matches
the subchannel capacity to the selected data rate so as to ensure that the pre-specified bit
error rate is not exceeded. On cessation of the disturbance event, the system is returned

to its initial, high-rate, state.
Disturbance Events

Of particular interest to the present invention are disturbance events that arise
from the occurrence of voice communication activities over the data link concurrent with
the transmission of data over the link. These activities comprise the voice communica-
tions themselves, or activities such as signaling associated with such communications, to-
gether with the response to such activities, such as taking a phone off-hook or placing it
on-hook. Disturbance events also include other disruptive disturbances such as interfer-
ence from adjacent phone lines caused, for example, by the presence of other DSL serv-

ices, ISDN services, T1 services, etc. The cessation of a disturbance event may itself also
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comprise a disturbance event. For example, the change of a voice communications device
such as a telephone from “on-hook” to “off-hook™ status can seriously disrupt communi-
cations at a modem unless compensated for as described herein or unless otherwise iso-
lated from the modem by means of a POTS splitter as was heretofore done; it is thus a
disturbance event that must be dealt with. However, the return of such a device to “on-
hook” status can also significantly change the channel characteristics and is therefore also
a disturbance event that must be dealt with. The invention described herein efficiently ad-

dresses these and other disturbance events.
Channel Control Parameter Sets

In accordance with the present invention, the change in bit allocation is accom-
plished rapidly and efficiently by switching between stored parameter sets which contain
one or more channel control parameters that define data communications by the modem
over the subchannels. The parameters sets are preferably determined at the time of ini-
tialization of the modem and stored in registers or other memory (e.g., RAM or ROM) in
the modem itself, but may instead be stored in devices external to, and in communication

with, the modem, e.g., in personal computers, on disk drives etc.

In accordance with one embodiment of this invention, the channel control parame-
ter sets comprise at least a primary set of channel control parameters, stored in a primary
channel control table, which defines communications in the absence of voice communica-
tion activities or other disturbances; and one or a plurality of secondary sets of channel
control parameters, stored in a secondary channel control table, that define data commu-
nications responsive to one or more disturbance events. When communicating under
control of the primary channel control table, the modem is described hereinafter as being
in its “primary” state; when communicating under control of the secondary channel con-
trol table, the modem is described hereinafter as being in its “secondary” state. The mo-
dem is switched between parameter sets in its primary and secondary states responsive to
the occurrence and cessation of disturbance events, as well as among parameter sets in the
secondary table responsive to a change from one disturbance event to another. Since the
parameter sets are pre-stored and thus need not be exchanged at the time of a disturbance
event, the switch is made quickly, limited essentially only by the speed with which the

disturbance event is detected and signaled to the other modem participating in the com-
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munication, typically not more than a second or so. This greatly reduces the interruption
in communications that would otherwise be required by a complete reinitialization of the
modems that typically extends over six to ten seconds, and its associated exchange chan-

nel control parameters.

As noted previously, in DSL communications, information transmission typicaily
takes place in both directions, i.e. the upstream or ATU-C modem transmits downstream
to the ATU-R modem over a first set of subchannels, and the downstream or ATU-R mo-
dem transmits upstream to the ATU-C modem over a second, different, set of subchan-
nels. The transmitter and receiver at each modem, accordingly, maintain corresponding
channel tables to be used by them in transmitting data to, and receiviné data from, the
other modem with which it forms a communications pair. Certain parameters such as
time and frequency domain equalizer coefficients and echo canceller coefficients are
“local” to the receiver with which they are associated, and thus need be maintained only at
that receiver. Other parameters such as bit allocations and channel gains are shared with
the other modem with which a given modem is in communication (the “modem pair”) and
thus are stored in both modems, so that during a given communication session, the
transmitter of one modem will use the same set of values of a shared parameter as the re-

ceiver of the other modem, and vice versa.

In particular, in DSL communications, a key parameter is the number of bits that
are to be transmitted over the various subchannels. This is known as the “bit allocation”
for the respective subchannels, and is a key element of the primary and secondary parame-
ter sets. It is calculated in a known manner for each subchannel based on the channel
SNR, the acceptable bit error rate, and the noise margin of the subchannel. Another im-
portant element is the gain for each of the subchannels, and is thus preferably also in-
cluded in the primary and secondary parameter sets. Thus, each receiver stores a primary
channel control table and a secondary channel control table, each of which contains one or
more parameter sets that define the subchannel bit allocations to be used by it and by the
transmitter of the other modem in communicating with it, and each transmitter also stores
a primary channel control table and a secondary channel control table, each of which de-
fine the subchannel bit allocations and gains to be used by it for transmission to the other

receiver and for reception at that receiver. For the closest match to the actual line over
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which they are to communicate, those portions of the primary and secondary channel
control table at each receiver that define the parameters for use in transmitting to the par-
ticular receiver are preferably determined at the modem at which the receiver is located
(the “local modem™), as described herein, but it will be understood from the detailed de-

scription herein that such tables may also be determined in other ways.

As long as communications over the subscriber line are not impaired by a distur-
bance event, the modems use the primary channel control table to define communications
over the subchannels. When, however, a disturbance event occurs, the modem that de-
tects the event (herein designated “the local modem”; typically, this will be the subscriber
modem, ATU-R, particularly in cases of activation of a voice communications device by
the subscriber) notifies the other modem of the need to change to the secondary channel
control table, and identifies the specific bit allocation set and/or gain set in the secondary
table when more than one such set exists. The notification procedure is described in more
detail hereinafter. Communications thereafter continue in accordance with the appropri-
ate parameter set (i.e., bit allocations, subchannel gains, and possibly other parameters)
from the secondary channel control table. This condition continues until a new distur-
bance event is detected, at which time the modems revert to the primary channel control
table (in the event the disturbance is simply the cessation of communication-disrupting
disturbances or interferences) or to a different parameter set secondary channel control
table (in the event that the disturbance event is the occurrence of another communica-

tion-disrupting disturbance or interference).

In addition to changes in bit allocation among the subchannels, and changes in
subchannel gains, further changes may also be made in such communication parameters as
time domain equalizer coeflicients, frequency domain equalizer coefficients, and the like.
These parameters may also be stored in the channel control tables for use in controlling
communications, or may be stored in separate tables. Additionally, changes in power
level (and corresponding changes in bit allocation and other communication parameters )
for communications in either the upstream or the downsteam direction, or both, may be
made, and sets of control parameters may be defined on these power levels as well for use

in controlling communications. These changes are described in fuller detail below.
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As presently contemplated, each modem on the subscribed side of the DSL line
will communicate with a corresponding dedicated modem on the central office side.
Thus, each central office modem (ATU-C) need store the primary and secondary tables
for a specific subscriber only. However, efficiencies may be achieved whenever it is un-
necessary to provide service to each subscriber at all times. Under these circumstances, a
central office modem mﬁy be shared among two or more subscribers, and switched among
them as called for. In such a case, the ATU-C will store or have access to a set of channel

control tables for each subscriber modem it is to service.

Table Initialization

In the preferred embodiment of the invention, the primary and secondary channel
control tables are determined in an initial “training” session (“modem initialization™) in
which known data is transmitted by one modem, measured on reception by the other, and
the tables calculated based on these measurements. Typically, the training session occurs
when the modem is first installed at the subscriber premises or at the central office, and
the procedure thus “particularizes” the modem to the environment in which it will oper-
ate. This environment includes, in addition to the subject data modem, one or more voice
communication devices such as telephone handsets, facsimile machines, and other such
devices which communicate over a voice frequency subchannel, typically in the range 0-4
kHz. A primary channel control table, comprising a parameter set including at least a set
of subchannel bit allocations, and preferably also subchannel gains, is calculated with each
device inactive. A secondary channel control table comprising one or more bit communi-
cation parameter sets (bit allocations, gains, etc.) is calculated with each voice communi-
cation device activated separately, and/or with groups of devices activated concurrently.
The tables so determined are then stored at the receiver of one modem and additionally
are communicated to the transmitter of the other modem and stored there for use by both

modems in subsequent communications.

An alternative approach determines the secondary channel control table (including
one or more parameter sets comprising the table) by calculation from the primary channel
control table. This is accomplished most simply, for example, by taking one or more of
the parameters (e.g., the bit allocation parameter which defines the number of bits to be

used for communication across the respective subchannels) as a percentage, fixed or
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varying across the subchannels, of the corresponding primary parameters; or as deter-
mined in accordance with a percentage, fixed or varying across the subchannels, of the
SNR’s of the respective subchannels; or as determined in accordance with a different bit

error rate than provided for in the primary channel control table; or by other techniques.

As a specific example, a number of different sets of bit allocations in the secondary
channel control table may be determined as differing percentages (fixed or varying across
the subchannels) of the corresponding set of bit allocations in the primary channel control
table. Each secondary bit allocation set corresponds to the effect commonly produced by
a particular device or class of devices, e.g., a telephone handset, a facsimile machine, etc.,
as determined by repeated measurements on such devices, and thus may be taken to rep-
resent the expected effect of that device over a range of communication conditions, e.g.,
with a particular type of subscriber line wiring, at a given range from the central office,
etc. The subchannel gains may also then be adjusted based on the redetermined bit allo-
cations. The bit allocations and subchannel gains so determined form new secondary pa-
rameter sets which may be used responsive to detection of the disturbance events they
characterize, and which substitute for determination of the secondary bit allocations and

gains on the basis of measurements of the actual disturbances being compensated for.

Alternatively, the secondary channel control table may be determined by adding a
power margin to the calculations for each of the entries of the primary table of a magni-
tude sufficient to accommodate the interference from activation of the voice communica-
tions device or from other disturbances. This has the effect of reducing the constellation
size for the table entries. The margin may be uniform across the table entries, or may vary
across them, as may the percentage factor when that approach is used. Multiple secon-

dary bit allocation sets may be defined by this approach, each based on a different power

margin.

One example of the use of varying margins is in response to changes in crosstalk
(capacitively coupled noise due to nearby xDSL users, where the “x” indicates the possi-
ble varieties of DSL such as ADSL, HDSL, etc.). This crosstalk is, in general, more pre-
dictable than signaling events associated with voice communications. The crosstalk spec-
trum of xDSL sources is well characterized: see, for example, the T1.413 ADSL standard
published by the American National Standards Institute. From a primary channel control
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table associated with a single full initialization, a secondary table comprising a family of
bit allocation sets can be calculated, each corresponding to a different crosstalk level. As
the number of xDSL systems (and thus crosstalk levels) changes, the ADSL link can

quickly switch to one of these automatically generated sets.

The secondary channel control table in the present invention may also be adapted
dynamically, e.g., by performing measurements on the transmitted information in each su-
perframe during data communications and monitoring these measurements to determine
when the channel performance has sufficiently changed that a different bit allocation set,
and possibly different gain set, should be used. We have found that the SNR provides a

readily measurable and reliable indicator of the required bit allocations and gains.

In particular, we have found that measurements of the SNR levels across a number
of the subchannels during a given communications condition or state provides a
“fingerprint” which may reliably be used to quickly select a parameter set, such as the set
of bit allocations or the set of gains, for use in subsequent communications during that
state. These measurements may be made, for example, on the sync frame that occurs in
each superframe or, more generally, during the transmission of reference frames. When
the SNR’s change by more than a defined amount during communications, the modem at
which the measurement is made searches the stored parameter sets for a set whose SNRs
on the corresponding subchannels is closest to the measured SNRs, and selects that set
for use in subsequent communications. If no parameter set is found within defined limits,
the system may be switched to a default state, or a complete reinitialization may be called
for, corresponding to a defined pattern of SNR’s across some or all of the subchannels,
should be used. SNR measurements may also be made on the data carrying signals them-

selves, i.e., a decision-directed SNR measurement.

Instead of using a multiplicity of secondary subchannel control parameter sets as
described above, a simplified approach may construct and use a single secondary set
based on a composite of the bit allocation or other characteristics of the individual de-
vices. In one embodiment, the composite is formed by selecting, for each subchannel, the
minimum bit allocation exhibited by any device for that subchannel, or the most severe
characteristic of any other disturbances, thus forming a single “worst case” set that may

be used when any device is activated, regardless of the specific device or disturbance ac-
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tually present. Or it may be determined as the actual or calculated capacity of the line
when all devices are actually or theoretically actuated simultaneously, or all disturbances
are present, or both concurrently. Bit allocations sets may also be determined for combi-
nations of subsets of such devices and disturbances. A similar approach may be used to
handle the situation where several devices are activated at the same time, and the effects
of other disturbances such as cross talk, etc. may also be incorporated into a composite

set.

A particular parameter set of the secondary channel control table remains in use
for the duration of the session in which the voice device is active or until another change
of state occurs, e.g., a further voice device is activated or some other disturbance takes
place. When this occurs, the local modem renews its identification procedure to enable
determination of the appropriate parameter set for the new conditions. At the end of the
session in which the voice device is active, the device returns to inactive (i.e., “on-hook™)
status and the system reverts to its original (“on-hook™) status in which the primary chan-
nel control table once again is used for communications between the central office and the

subscriber.

Switching the subchanneil parameter sets in accordance with the present invention
is extremely fast. It can be accomplished in an interval as short as several frames, and
thus avoids the lengthy (e.g., several second) delay that would otherwise accompany de-
termination, communication, and switching of newly-determined sets. Further, it avoids
communicating new parameter sets at a time when communications have been impaired
and error rates are high. Thus, it minimizes disruption to the communication process oc-

casioned by disturbance events.
Detecting Disturbance Events

During subsequent data communications, identification of the device that is acti-
vated is achieved in one of a number of ways. In one embodiment of the invention, a
specific activation signal is transmitted from the device to the modem on the same side of
the subscriber line as the device (referred to herein as “the local modem™) on activation of
the device. This signal may be transmitted over the communications line to which the

device and the local modem are connected or it may be sent over a dedicated connection
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between the device and the local modem.

In the preferred embodiment of the invention, the local modem monitors the sub-
scriber line to which it and the device are connected and detects a change in line charac-
teristics when the device is activated. For example, the signal to noise ratio (SNR) of the
various subchannels can quickly be measured and can be used to identify the particular
device that is activated. During multiple sets of initializations, corresponding to multiple
communication conditions caused by the devices or by other interferences, the SNR
measure for each subchannel is determined for each of the conditions to be tracked (i.e.,
no devices activated, devices activated separately, two or more devices activated concur-
rently, adjacent channel interference, etc.) and the measures stored, along with identifica-
tion of the particular parameter set or sets with which they are associated. When a device
is activated, the SNR measurements are used to quickly identify the particular device or
devices that have been activated, and the local modem can thereafter switch to the appro-

priate secondary table.

Disturbance events may also be detected in accordance with the present invention
by monitoring selected transmission characteristics that are dependent on these events.
These may comprise, in addition to any characteristic SNR accompanying them, such
measures as errors in the cyclic redundancy code (CRC) that accompanies transmissions
and changes in the error rate of this code; changes in the amplitude, frequency or phase of
a pilot tone on the subchannels; or other such indicia. Forward error correction code
(FEC) is typically used in ADSL transceivers, and changes in the error rate characteristics
of this code, such as how many errors have occurred, how many have been corrected,
how many are uncorrected, and the like, can be particularly useful in detecting disturbance

events.

In monitoring these characteristics, we distinguish between changes caused by
momentary or transient events such as lightning or other such burst noise disturbances,
and those associated with disturbance events, the latter continuing for a significant inter-
val (e.g., on the order of seconds or more). In particular, in embodiments that monitor
CRC errors or error rates in accordance with the present invention, a switch from one pa-
rameter set to another is provided when the errors extend over a number of frames or

whenthe error rate changes by a defined amount for a time greater than a defined mini-
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mum. For example, on the occurrence of an off-hook event , a severe form of disturbance
to data communications over a subscriber loop, the number of CRC errors suddenly in-
creases and remains at an increased level until it is dealt with. This is distinguished from
the occurrence of a transient disturbance such as a lightning strike which causes a momen-
tary increase in CRC errors that does not persist as long as the system has not lost syn-

chronization.

Thus, in accordance with the present invention, the detection of an initial change
in the CRC error rate over a number of frames in excess of a defined threshold is one ex-
ample of the detection of a disturbance event that will result in switching parameter sets.
Similar procedures may be undertaken in response to measurement of the signal-to-noise
ratio of the subchannel in order to detect a disturbance event based on this characteristic.
The decision as to whether a disturbance event has occurred may be based on measure-
ments on a single subchannel; on a multiplicity of subchannels (e.g., the decision to switch
parameter sets will be made when more than a defined number of subchannels detect a

disturbance event);, or the like.

An alternative technique for detecting a disturbance event in accordance with the
present invention is the use of a monitor signal, e.g., a pilot tone whose amplitude, fre-
quency, phase or other characteristic is monitored during data transmission. A sudden
change in one or more of the monitored characteristics from one frame to another, fol-
lowed by a smaller or no change in subsequent frames, indicates a disturbance event to
which the modem should respond. The monitor signal may comprise a dedicated signal
carried by one of the subchannels; a signal carried on a separate control subchannel; a
disturbance event itself (e.g., ringing tone, dial tone presence, or other common telephone

signals); or other signals.
Communicating The Occurrence of Disturbance Events

After a disturbance event is detected and the appropriate parameter set corre-
sponding to the event is identified, the identification is communicated to the remote mo-
dem by means of a selection signal to enable it also to switch to the corresponding pa-
rameter set in the secondary table. The selection signal may be in the form of a message

transmitted over one or more subchannels or using a predetermined protocol for an em-
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bedded operations channel, or it may comprise one or more tones that identify the particu-
lar parameter set. ADSL systems use a “guard band” of several subchannels between the
sets of subchannels used for upstream and downstream transmission. This guard band
may be used to transmit the selection tone or tones. In cases where there is only a single
parameter set to be designated, the selection signal may comprise a simple flag (an ele-
ment that has only two states, i.e., on/off, present/absent, etc.) that is sent to the remote

modem to select the set.

In a further embodiment of the invention, use is made of the frame counters at the
ATU-R and ATU-C modems that are commonly provided in DSL systems. On detecting
a disturbance event, the ATU-R modem notifies the ATU-C modem of the event and
specifies a frame at which the change in parameter set, or change in power level and any
accompanying change in other parameters, is to take place. The specification may be di-
rect (i.e., the notification specifies a particular frame number at which the change to the
secondary table is to be made) or indirect (i.e., on receipt of the notification, the change
to the secondary table is made at one of a predetermined number of frames, e.g., the next
frame number ending in “0”, or in “00”, etc., or the nth frame after receiving the notifica-
tion, where n is some number greater than 0). On reaching the designated frame, both
modems (i.e., ATU-R and ATU-C) switch to the new bit allocation set, power level, and

other designated parameters.

Alternatively, on detection of a disturbance event, the modems perform a “fast
retrain” in order to characterize communications under the new operating conditions and
determine a power and/or bit allocation set to be used for the communications. A fast
retrain performs only a limited subset of the full initialization procedures, e.g., bit alloca-
tion and subchannel gain determination,. The retraining modem (typically the modem lo-
cal to the disturbance initiating the retraining) then compares the newly determined pa-
rameter set with previously stored sets. If the newly-determined set is the same as a pre-
viously stored set, a message, flag, or tone is communicated by one modem to the other
to designate which of the stored secondary allocation sets is to be used. Otherwise, the
newly determined set is used for communications. In the latter event, it must be commu-
nicated to the other modem in the communication pair, and communications may be inter-

rupted while this occurs. Nonetheless, on cessation of the event which necessitated a
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change in parameter sets, the system may simply revert to the primary parameter set,
without need for recommunication of that set and thus without further interrupting com-
munications. With proper care in initialization, in most cases a sufficient array of parame-
ter sets may be defined and exchanged at the outset as to avoid the need for subsequent

reinitialization in response to most disturbances.
Changing Power Levels

~ In addition to changing one or more parameter sets in the modem in response to a
disturbance event, in accordance with the preferred embodiment of the present invention
we also preferably change the communications power level in either the upstream or the
downstream direction, or both, in order to further enhance reliable communications.
Typically, the change is a reduction in the power level in the upstream direction so as to
minimize interference with the voice communications, as well as to reduce echo into the
downstream signal, and it will be so described herein. However, it should be understood
that there will be some occasions when an increase in power level is called for, such as
when interference from adjacent data services requires a higher power level in order to
maintain a desired data rate or bit error level, and such a change is accommodated by the
present invention in the same manner as that of a decrease. Further, a change in down-
stream power level may be called for when line conditions change to such an extent that
excessive power would otherwise be fed into the downstream channel from the upstream

modem

In theory, and in a perfectly linear system, upstream communications activities
should have no effect on concurrent voice communications since the two activities occur
in separate, non-overlapping frequency bands. However, the telephone system in fact is
not a linear system, and nonlinearities in the system can and do inject image signals from
the upstream subchannel into the voice subchannel, and possibly into the downstream
subchannel as well (i.e., echo), thus producing detectable interference. In accordance
with another aspect of the present invention, this effect is reduced below the level of ob-
jection by reducing the upstream power level (the power level at which the subscriber or
downstream modem transmits to the central office or upstream modem) by a given
amount or factor when conditions dictate, e.g., when a voice communications device is
off-hook and leakage from the data communications being conducted interferes with the
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voice communications.

The amount of power reduction may be set in advance. For example, we have
found that a nine db reduction in this power (relative to that typically used in ADSL ap-
plications using splitters to separate the data and POTS signals) is sufficient in most cases
of common interest; under these circumstances, the system operates in one of two alter-
native power levels at all times. Alternatively, the downstream modem may select one of
several different power levels for use, based on the communication conditions prevailing
at the time resultant from the disturbance event. For example, the downstream modem
may be activated to send a test signal into one or more upstream subchannels and to
monitor the leakage (i.e., the echo) of this signal into one or more downstream subchan-
nels as determined, for example, by the SNRs on these subchannels; the power level at
which the downstream modem transmits upstream may then be adjusted accordingly in
order to minimize the effects of the echo. Commonly, the downstream transmit power is
determined by the ATU-R, since the ATU-R is closest to the cause of the disturbance
event. In this event, the ATU-R uses a message, flag, or tone to inform the ATU-C of the
desired power level to be used for transmission. In either case, at the end of a session, the

power level reverts to that used in the “on-hook™ state.

In selecting the desired power level, the transmitting modem signals the receiving
modem in the communications-pair of the desired change (including the designation of a
particular power level from among several power levels, where appropriate), and thereaf-
ter implements the change, including switching to a new parameter set associated with
that power level. In another embodiment of the invention, the receiving modem detects
the power level change at the transmitting modem and switches to a parameter set asso-
ciated with that power level; upstream communications (i.e., from the ATU-R to the
ATU-C) are thereafter conducted at the new power level until the disturbance event (e.g.,

off-hook condition, etc.) terminates.

While much of the above has been described in terms of a change in power level in
the upstream communications from the subscriber modem to the central office modem, it
should be noted that a change in power level in the opposite direction may also sometimes
be called for. This may be the case, for example, on short subscriber loops (e.g., less than

a mile), where the reduced line loss consequent on the greater proximity to the central
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office may result in the central office initially transmitting at an excessive power level. In
such cases, the central office or ATU-C modem performs the role previously performed
by the subscriber or ATU-R modem, and vice versa, and a change in power level and
other parameters on the downstream communications may be performed as described
above. Further, it should also be understood that while it is expected that the power
change will most commonly be one that reduces the power level used to communicate, it
may in some cases increase it. This will occur, for example, when crosstalk from adjacent
services requires an increase in power level of the subject service in order to compensate

for the crosstalk.
Changing Other Parameters

A further important change made in response to detecting a disturbance event is a
change in the frequency domain equalizers (“FDQ’s”) associated with each subchannel.
These equalizers compensate for the differing distortions (e.g., amplitude loss, phase de-
lay, etc.) suffered by the data during transmission over the subchannel. Typically, they
comprise finite impulse response filters with complex coefficients. The coefficients are set
during the “initialization” or “training” phase of modem setup. They may subsequently be
adjusted based on reference (known) data in reference frames or sync frames transmitted
over the communication subchannel. In accordance with the present invention, these fil-
ters are adjusted responsive to the transmitted reference data when a disturbance event is
detected. The coefficient updating may be performed on all subchannels, or selectively on
those whose change in error rates, signal-to-noise ratios, or other error indicia, indicate a

disturbance event.

In accordance with one embodiment of the present invention, the coefficients of
the frequency domain equalizers for communications both in the absence of a disturbance
event or disturbance (“primary FDQ coefficients”) and in the presence of such an event or
disturbance (“secondary FDQ coefficients™) are computed and stored during the initiali-
zation or training period. Thereafter, these coefficients are switched responsive to a dis-
turbance event, as is the case with the channel control tables, and are returned to an initial

state on the cessation of such an event.

In accordance with another embodiment of the invention, the FDQ coefficients are
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recomputed responsive to detection of a disturbance event and then used throughout the
remainder of the communications session in place of the earlier-stored secondary FDQ
tables. The recomputation is accomplished in a shortl “retrain” session in which known
reference data is transmitted between the ATU-R and ATU-C . The received data is com-
pared with the known data and the new FDQ coefficients are determined accordingly. In
addition to the frequency domain equalizer coefficients, time domain equalizer coefficients
and echo cancellation coefficients may also be determined and stored. Such coefficients
are local to the particular receiver, and thus need not be communicated to the other mo-
dem of the communications pair. Accordingly, any such retrain will be extremely fast, and

any consequent disruption to communication limited.

Excessive Disturbances

In some cases a particular device may cause such interference with communica-
tions that compensation for that device by the methods described herein is not practical.
This may occur, for example, with antiquated telephones or with particularly complex in-
home wiring. In such a case, it is desirable to minimize the disruption caused by such a
device by inserting a simple in-line filter between the device and the subscriber line. The
filter may comprise, for example, a simple low-pass filter of not more than a cubic inch in
volume and a pair of standard connectors such as RJ11 connectors through which the fil-
ter connects to the device on one side and to the subscriber line on the other. Unlike
POTS splitters, such a connector needs no trained technician to install it, and thus pres-
ents no barrier, cost or otherwise, to acceptance of ADSL modems as described herein.
Such a device may be detected by measuring the nonlinear distortion of the device when it

is activated. This is done by monitoring the echo on the line caused by that device.

Reduced Rate Communications

A further improvement in the operation of the modem of the present invention re-
sides in confining the bandwidth of the downstream transmission to a subset of that nor-
mally provided in ADSL communications. This reduces the processing demands on both
the local (i.e., central office) and remote (subscriber premises) modems, thereby facilitat-
ing the provision of subscriber premises modems at prices more acceptable to consumer,

non-business, use; additionally, it further minimizes interference between data transmis-
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sion and voice communications. For example, limiting the number of subchannels used by
the modem to one hundred and twenty eight as opposed to two hundred and fifty six re-
duces the downstream bandwidth from 1.1 MHz to approximately 552 kHz. When the
modem is used with modems that normally provide a greater number of subchannels for
such communications, the bit allocations and gains for the subchannels above one hundred

and twenty eight are preferably nuiled, i.e., set to zero.

The invention is preferably operable with modems that do not have the capabilities
described herein, as well, of course, with modems that do. Accordingly, the modem of
the present invention identifies its capabilities, preferably during initialization, preparatory
to data exchange with another modem. In accordance with the preferred embodiment of
the invention, this is preferably done by signaling between the modems that are to partici-
pate in communications. The signaling identifies the type of modems in communication
and their characteristics of significance to the communication session. For example, one
form of ADSL transceiver uses a reduced number of subchannels (typically, thirty two
subchannels upstream and one hundred twenty eight subchannels downstream) and pro-
vides lower bandwidth communications. A modem having full ADSL capabilities that en-
counters a reduced-rate modem can then adjust its transmission and reception parameters
to match the reduced-rate modem. This may be done, for example, by transmission from

one modem to the other of a tone that is reserved for such purposes.

In particular, in accordance with the present invention, on initiation of communi-
cations between a central office modem and a subscriber premises modem, the modems
identify themselves as “full rate” (i.e., communicating over two hundred and fifty six sub-
channels) or “reduced rate” (e.g., communicating over some lesser number of subchan-
nels, e.g., one hundred and twenty eight). The communication may be performed via a
flag (two-state, e.g., “on/off”, “present/absent”), a tone or tones, a message (n-state,
n>2), or other form of communication, and may be initiated at either end of the communi-

cation subchannel, i.e., either the central office end or the customer premises end.
Brief description of the drawings
The invention description below refers to the accompanying drawings, of which:

Figure 1 is a block and line diagram of a conventional digital subscriber line
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(DSL) system using POTS splitters that is characteristic of the prior art;

Figure 2 illustrates an illustrative bit allocation and gains table used in the appara-

tus of Figure 1;

Figure 3 is a block and line diagram of a splitteriess DSL system in accordance

with the present invention;

Figure 4 is a block diagram of a splitterless transceiver in accordance with the pre-

sent invention,

Figures 5A-5C illustrates channel control tables constructed and used in accor-

dance with the present invention;

Figure 6 is a diagram of one form of disturbance event detector in accordance

with the present invention;

Figure 7 illustrates the use of a frame counter for communicating the switching

decision to the remote modem;

Figure 8 illustrates the preferred procedure used for performing a fast retrain of

the modems in accordance with the present invention;

Figure 9 illustrates the manner in which channel control tables may readily be se-

lected in accordance with the present invention; and

Figure 10 illustrates alternative configuration for interconnection of the modems

of the present invention.
Detailed description of an illustrative embodiment

Figure 1 shows an ADSL communications system of the type heretofore used in-
corporating “splitters” to separate voice and data communications transmitted over a
telephone line. As there shown, a telephone central office (“CO”) 10 is connected to a
remote subscriber 12 (“CP: Customer Premises”) by a subscriber line or loop 14. Typi-
cally, the subscriber line 14 comprises a pair of twisted copper wires; this has been the
traditional medium for carrying voice communications between a telephone subscriber or
customer and the central office. Designed to carry voice communications in a bandwidth

of approximately 4 kHz (kilohertz), its use has been greatly extended by DSL technology.
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The central office is, in turn, connected to a digital data network (“DDN") 16 for
sending and receiving digital data, as well as to a public switched telephone network
(“PSTN™) 18 for sending and receiving voice and other low frequency communications.
The digital data network is connected to the central office through a digital subscriber line
access multiplexer (“‘DSLAM™) 20, while the switched telephone network is connected to
the central office through a local switch bank 22. The DSLAM 20 (or its equivalent, such
as a data enabled switch line card) connects to a POTS “splitter” 24 through an ADSL
transceiver unit -central office (“ATU-C”) 26. The local switch 20 also connects to the
splitter.

The splitter 24 separates data and voice (“PQOTS”) signals received from the line
14. At the subscriber end of line 14, a splitter 30 performs the same function. In particu-
lar, the splitter 30 passes the POTS signals from line 14 to the appropriate devices such as
telephone handsets 31, 32, and passes the digital data signals to an ADSL transceiver
unit-subscriber (“ATU-R”) 34 for application to data utilization devices such as a per-
sonal computer (“PC”) 36 and the like. The transceiver 34 may advantageously be incor-
porated as a card in the PC itself, similarly, the transceiver 26 is commonly implemented

as a line card in the multipiexer 20.

In this approach, a communication channel of a given bandwidth is divided into a
muitiplicity of subchannels, each a fraction of the subchannel bandwidth. Data to be
transmitted from one transceiver to another is modulated onto each subchannel in accor-
dance with the information-carrying capacity of the particular subchannel. Because of
differing signal-to-noise (“SNR”) characteristics of the subchannels, the amount of data
loaded onto a subchannel may differ from subchannel to subchannel. Accordingly, a “bit
allocation table” (shown as table 40 at transceiver 26 and table 42 at transceiver 34) is
maintained at each transceiver to define the number of bits that each will transmit on each
subchannel to the receiver to which it is connected. These tables are created during an
initialization process in which test signals are transmitted by each transceiver to the other
and the signals received at the respective transceivers are measured in order to determine
the maximum number of bits that can be transmitted from one transceiver to the other on
the particular line. The bit allocation table determined by a particular transceiver is then

transmitted over the digital subscriber line 14 to the other transceiver for use by the other
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transceiver in transmitting data to that particular transceiver or to any similar transceiver
connected to the line 14. The transmission must, of course, be done at a time when the
line is not subject to disturbances which may interfere with communications. This is a

significant limitation, and restricts the utilization of this approach.

Referring now to figure 2, a bit allocation table 42 such as is used in the customer
premises equipment is shown in further detail. Table 40, used at the central office, is es-
sentially the same in construction and operation and will not further be described. Table
42 has two sections, a first section, 42a, which defines certain communication parameters
such as bit alloca"cion capacity and subchannel gain parameters that characterize the re-
spective subchannels and which the transmitter section of transceiver 34 will use in
transmitting a signal to the other transceiver (26) with which it is in communication; and a
section 42b that defines the parameters that the receiver section of transceiver 34 will use
in receiving a signal transmitted from the other transceiver. Communications take place
over a plurality of subchannels, here shown, for purposes of illustration only, as subchan-
nels “9”, “10”, etc. in the transmitter section, and subchannels “40”, “41”, etc. in the re-
ceiver section. In a full-rate ADSL system, there are up to two hundred and fifty six such
subchannels, each of bandwidth 4.1 kHz. For example, in one embodiment of the in-
ventin, upstream communications (i.e., from the customer premises to the central tele-
phone office) are conducted on subchannels 8 to 29; downstream communications (from
the central office to the customer premises) are conducted on subchannels 32 to 255; sub-
channels 30 and 31 form a guard band between upstream and downstream communica-
tions that may be used for signaling as described hereinafter.

For each subchannel (“SC”) 50, a field 52 defines the number of bits (“B”) that are
to be transmitted over that subchannel by the transmitter of a communications or modem
pair, and received by the receiver of that pair, consistent with the prevailing conditions on
the subchannel, e.g., measured signal-to-noise ratio (SNR), desired error rate, etc.; col-
umn 54 defines the corresponding gains (“G”) of the subchannels. A first section, 42a, of
the table specifies the bit allocations and gains that transceiver 34 will use in transmitting
“upstream’” to the transceiver 26; and a second section, 42b, specifies the bit allocations
and gains that transceiver 34 will use in receiving transmissions from the transceiver 26.

Transceiver 26 has a corresponding table 40 which is the mirror image of table 42, that is,
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the bit allocations specified for transmission by transceiver 34 are the same as those
specified for reception by transceiver 26 and correspondingly for reception by transceiver
34 and transmission by transceiver 26. The table typically may also include a field specify-

ing the gain 54 associated with the particular subchannel.

As noted above, the splitters 24, 30 combine the data and voice communications
appiied to them for transmission and once again separate these from each other on recep-
tion. This is accomplished by means of high pass and low pass filters which separate the
low-frequency voice communications from the high-frequency data. The need to utilize
such splitters, however, imposes a severe impediment to the widespread adoption of DSL
technology by the consumer. In particular, the installation of a splitter at the subscriber
premises requires a trip to the premises by a trained technician. This can be quite costly,
and will deter many, if not most, consumers from taking advantage of this technology.
Nor is incorporating splitters in the communications devices themselves a viable option,
since this not only increases the cost of such devices, but requires either the purchase of
all new devices or the retrofit of the older devices, which again requires skilled help to
accomplish. In accordance with the present invention, we eliminate the splitter at least at
the customer premises, thereby enabling adoption and use of DSL modems by the end
user without the intervention of trained technical personnel. This, however, requires
significant changes in the structure and operation of the DSL transceivers or modems, and

the present invention addresses these changes.

In particular, figure 3 shows a DSL transmission system in accordance with the
invention in which the composite voice-data signal transmitted from the central office to
the subscriber premises is passed to both the subscriber voice equipment 31, 32 and to the
data transceiver or modem 34’ without the interposition of a splitter at the subscriber
premises. In figure 3, components that are unchanged from figure 1 retain the same num-
bering; components that are modified are designated with a prime superscript. In place
of the single table 30 of the transceiver 26 of Figure 1, the transceiver 26’ of Figure 3
contains a primary channel control table 41 and a secondary channel control table 43.
Similarly, transceiver 34 of Figure 3 contains a primary channel control table 45 and a
secondary channel control table 47. 1t will also be noted that the subscriber side splitter

has been eliminated in Figure 3: the reason why this can be done in the present invention
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will now be described in detail. It will also be noted that the central office splitter 20 in
figure 1 has been retained in the configuration of Figure 3: this is optional, not manda-
tory. Retaining a splitter at the central office can improve the performance somewhat at
little cost, since only a single installation is required and that at the central office itself
where technical personnel are commonly available in any event. Where this is not the

case, it may be eliminated there also.

Turning now to figure 4, the transceiver or modem 34’ is shown in greater detail;
the modem 26’ is essentially the same for present purposes and will not be separately de-
scribed. As indicated, modem 34° comprises a transmitter module 50; a receiver module
52; a control module 54; a primary channel control tablie 45; and a secondary channel
control table 47. The primary channel control table is shown more fully in figure 5A.; the

secondary channel control table is shown more fully in figure 5B.

In figure 5A, the primary channel control table 45 has a transmitter section 45a
which stores a primary set of channel control parameters for use in transmitting to a re-
mote receiver over a DSL line; and a receiver section 45b which stores a primary set of
channel control parameters for use in receiving communications over a DSL line from a
remote transmitter. The subchannels to which the parameters apply are shown in column
45 ¢. The channel control parameters in the transmitter section 45a include at least a
specification of the bit allocations (“B”) 45d and preferably also the gains (“G””) 45e to be
used on the respective subchannels during transmission. The receiver section similarly in-
cludes specification of the bit allocations and gains, and preferably also includes specifica-
tion of the frequency domain equalizer coefficients (“FDQ”) 45f, time domain equalizer
coefficients (“TDEQ”) 45g, and echo canceller coefficients (“FEC”) 45h, among others.

Collectively, the parameters: bit allocation, gain, frequency domain coefficient,
time domain coefficient, etc. form a parameter set, each of whose members are also sets,
e.g. the bit allocation set defining the allocation of bits to each of the subchannels, the
gain setting set defining the gains across the subchannels, etc. In accordance with the
preferred embodiment of the present invention, the primary channel control table stores a
single parameter set which has at least one member, i.e., a bit allocation set, and prefera-
bly a gain allocation set as well; this parameter set defines the default communications

conditions to which the system will revert in the absence of disturbance events. The sec-
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ondary channel control table, however, has at least two, and typically more, parameter
sets for controlling transmission and reception over the subscriber lines by the respective
modems; these sets define communications under various disturbance events which

change the default conditions.

In particular, in Figure 5B, the secondary channel control table 47 comprises a
plurality of parameter sets 47a, 47b, 47c, etc., of which only three sets are shown for pur-
poses of illustration. Each parameter set includes a transmit portion 47 d and a receive
portion 47e. In each portion, one or more parameters are specified, e.g., bit allocations
47f and gains 47g in the transmit portion 47d, and frequency domain coefficients 47h,
time domain coefficients 47i, and echo cancellation coefficients 47j in the receive portion
47e. The actual values of the coefficients are typically complex numbers and thus they are
represented simply by letters, e.g., “a”, “b”, etc. in the channel control tables of Figures
SA and SB. Parameter sets 47b, 47c, and the remaining parameter sets are similarly
constructed. As was the case for the primary channel control table, each parameter (e.g.,
bit allocation) is itself a set of elements that define communication conditions, at least in

part, across the subchannels to which they apply and which they help characterize.

The primary channel control table containing a bit allocation parameter set is gen-
erated in the usual manner, i.e., during initialization (typically, a period preceding the
transmission of “working data” as opposed to test data), known data is transmitted to,
and received from, the remote modem with which the instant modem is in communication
under the conditions which are to comprise the default condition for the modem. Typi-
cally, this will be with all disturbing devices inactivated, so that the highest data rate can
be achieved, but the actual conditions will be selected by the user. The data received at
each modem is checked against the data known to have been transmitted and the primary
channel control parameters such as bit allocation, subchannel gains, and the like are calcu-
lated accordingly. This table is thereafter used as long as the system remains undisturbed

by disturbance events which disrupt communications over the line.

The secondary channel control table may be determined during initialization in the
same manner as the primary table, but with devices that may cause disturbance events
actuated in order to redetermine the channel control parameters required for communica-

tions under the new conditions. These devices may be actuated one by one, and a secon-
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dary parameter control set determined for each and stored in the secondary channel con-
trol table; or they may be actuated in groups of two or more, and parameter sets deter-
mined accordingly; or various combinations of single and group actuations may be per-
formed and the corresponding parameter sets determined. Secondary parameter sets may
similarly be determined from actual measurements with interfering sources such as xDSL
transmissions in a common binder with the modems in question, and the resultant sets

stored in the secondary table.

Other methods of determination of the secondary table may be employed. For ex-
ample, one or more secondary parameter sets may be derived from the primary table.
Thus, the bit allocation on each subchannel in the secondary table may be taken as a per-
centage, fixed or varying across the subchannels, of the bit allocation for each subchannel
defined in the primary table. Alternatively, it may be calculated from the same data as that
of the primary table, but using a larger margin; by using a percentage, fixed or varying
across the subchannels, of the signal-to-noise ratio used in calculating the primary table;
by providing for a different bit error rate than provided for in the primary; or by other
techniques, including those described earlier. Portions of the primary and secondary may
be recalculated or improved upon during the communication session, and stored for sub-
sequent use. The calculation or recalculation may be a one-time event or may occur re-

peatedly, including periodically, throughout a communication session.

Further, although use of a multiplicity of parameter sets in the secondary channel
control table will generally provide the best match to the actual channel conditions and
thus more nearly approach optimum communications conditions, a simplified second table
containing a single composite parameter set may also be used. Thus Figure 5C shows a
number of sets 49a-49d of bit allocations for the subchannels 49¢ and which may repre-
sent a corresponding number of different communication devices or conditions associated
with communications over these subchannels. A single composite parameter set 49f may
be formed as a function of the parameter sets 49a-49d by, for example, selecting, for each
subchannel, the minimum bit allocation among the sets 49a-49d for each of the subchan-
nels 49¢. Such a set represents a “worst case” condition for activation of any of the de-
vices associated with the sets 49a-49d. Other worst case parameter sets may be formed,

for example, on selected groups of devices, thus providing for the case when several de-
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vices or disturbances are operating simultaneously.

In the absence of a disturbance event, the transceivers 26’°, 34’ use the primary
channel control tables 41, 45 for communications. Responsive to detection of a distur-
bance event, however, the transceivers 26°, 34’ switch to one of the parameter sets of the
secondary channel control tables 43, 47 to continue the communications under the condi-
tions specified by the particular parameter table. These conditions may specify a dimin-
ished bit rate while maintaining the same bit error rate as is provided with the primary
channel control table; or may specify the same bit rate but at a higher bit error rate; or
may specify a diminished bit rate at a correspondingly diminished power level or margin;
or other conditions as determined by the specific channel control tables. On termination
of the disturbance condition which caused the switch, the transceivers 26°, 34’ return to

use of the primary tables 41, 45.

Typically, the primary tables provide communications at or near the capacity of
the communications channel over line 14. The secondary tables provide communications
over the channel at a diminished rate. Switching between the primary and secondary ta-
bles (that is, switching from a primary parameter set to a secondary parameter set) in ac-
cordance with the present invention is fast: it can be accomplished in an interval as short
as several frames (each frame being approximately 250 microseconds in current ADSL
systems), and thus avoids the lengthy delay (e.g., on the order of several seconds) that
would otherwise be required for determination, communication over the subscriber line,
and switching of newly-determined bit allocation tables. Further, it avoids communication
of such tables over the subscriber line at a time when communications have been impaired
and error rates are therefore high. Thus, utilization of prestored parameter sets in accor-
dance with the present invention minimizes disruption to the communication process oc-

casioned by disturbance events.

The channel control tables are stored in a storage or memory for rapid access and
retrieval. Preferably, the storage is a random access memory (“RAM”) incorporated into
the modem itself, but also comprise such a memory located in other components accessi-
ble to the modem, e.g., in a stand-alone memory; in a computer such as a personal com-
puter (“PC”); in a disk drive; or in other elements. Further, the storage may include por-

tions of other forms of memory, such as read only memory (“ROM”).
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In addition to accessing the channel control tables 45 and 47, the control module
54 of Figure 4 preferably also controls formulation of the secondary control table when
this table is calculated on the basis of the primary channel conirol table. Further, the
module 54 monitors the SNR on the subscriber line 14 and calculates the primary and
secondary channel control parameter sets when these sets are based on measurement of
actual conditions of the line, as will most commonly be the case. To this end, the control
module is advantageously implemented as a special purpose digital computer or “DSP”
chip particularized to the functions described herein. It may, of course, alternatively be
implemented as a general purpose computer or in other fashion, as will be understood by

those skilled in the art.

In accordance with the present invention, disturbance events on the subscriber line
are distinguished from transient events such as lightning impulses by mean of their conse-
quences. In particular, a signaling event such as an off-hook signal or an on-hook signal
typically causes sufficient disruption as to preclude further communications without re-
initialization. The event is accompanied by an error code indication that persists through-
out the disruption; a change in the amplitude and phase of the physical signal carrying the
data or of a pilot tone; the application of a substantial voltage to the line; and other indi-
cia. We monitor the subscriber line for the occurrence of one of more of these character-

istics in order to detect the event.

Figure 6 illustrates one manner of detecting a disturbance event in accordance
with the present invention. A detector 70, which is preferably included in control module
54, receives signals from line 14 and monitors (step 72) the error code (e.g., CRC errors
or the FEC error count) associated with the signals for occurrence of an error indication.
If no error is detected (step 74), the detector remains in monitoring mode without further
action. If an error is indicated by the error code, a counter is incremented (step 76) and
the count is then compared with a predefined threshold (step 78). If the count does not
exceed the threshold (step 78, “>N7”), the system remains in monitoring mode and con-
tinues to accumulate any detected errors. If the count exceeds the threshold (step 78, Y),
the detector emits a “disturbance event” detection signal (step 80) which causes the trans-
ceiver in which the detector 70 is located to initiate the process of switching to the appro-

priate parameter set in the secondary table. The count is reset (line 81) when this occurs.
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Instead of monitoring the error code for characteristic behavior (i.e., repeated er-
ror over successive frames), in accordance with the present invention one may monitor
the amplitude and phase of the physical signals transmitting the data over the subchannel
or of a pilot tone transmitted between modems. On the occurrence of a disturbance
event, the amplitude and phase of the physical signal undergo significant change, i.e., the
amplitude suddenly decreases and the phase suddenly shifts to a new value; thereafter,
they maintain approximately their new values during successive frames. This behavior
may be monitored as shown in Figure 7 in which a monitor 100 monitors, for example,
the amplitude of a data signal or a pilot tone on line 14 and sets a flip-flop 102 to an
“active” state (“Q”) on detecting a change in the amplitude of greater than a predefined
threshold value. Flip-flop 102 enables (input “E”) a counter 104 connected to receive
counting puises from a frame counter 106 whenever a new frame is transmitted or re-
ceived by the modem. These counting pulses are also applied to a threshold counter 108
which accumulates the counts applied to it until it reaches a defined count and then ap-
plies the resultant count to a comparator 110 where it is compared with the count in
counter 104. If the contents of the counters 104 and 108 are equal, comparator 110 pro-
vides an output (“Y”’) which causes the transceiver to initiate the process of switching to
the appropriate table. This also resets the counters 104, 108 and the flip-flop 102. These
are also reset (input “R”) if the counts of counters 104 and 108 do not match (“N” output

of coinparator 110).

A similar procedure may be used to generate the table-switching signal based on
monitoring the phase change of data signals or pilot tones as noted above. Further, al-
though the operation of the event detector of figure 8 has been explained largely in terms
of hardware, it will be understood that it may also readily be implemented in software, or

in a combination of hardware and software, as is true of most of the elements described

herein.

Still a further approach to detecting a disturbance event is to monitor the distur-
bance event directly. For example, in the case of off-hook or on-hook signals, a 48 volt
dc step voltage is applied to the subscriber line. This signal is sufficiently distinct from
other signals as to be readily detectable directly simply by monitoring the line for a step

voltage of this size and thereafter generating a table-switching signal in response to its
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detection. Another approach is to monitor the SNR on one or more subchannels by
monitoring the “sync” frames. The presence of a disturbance from data sources on adja-
cent phone lines manifests itself as a change in the subchannel SNR. A direct method of
monitoring disturbance events caused by activation or deactivation of communication-
disturbing devices is to directly signal between the device and the local modem on occur-
rence of either of these events. As shown in Figure 3, for example, signaling lines 35, 37
may be extended directly between the local modem 34’ and its associated devices 31, 32
to directly signal a change in these devices, such as their activation (“off hook™) or deacti-

vation (“on hook™).

In addition to changing the control tables in response to a disturbance event, it is
desirable to decrease the upstream transmit power level in order to minimize the interfer-
ence with the voice communications caused by upstream transmissions, as well as to re-
duce the leakage of these transmissions into the downstream signal (“echo™). These inter-
ferences arise from nonlinearities caused by devices such as telephones that are coupled to
the line, especially when the telephones are off-hook. The amount of power reduction
required to render the interferences acceptable varies from one telephone to the next. In
the preferred embodiment of the invention, a probing signal is used to determine the re-
quired decrease in upstream transmit power. In particular, afier detecting a disturbance
event such as activation or deactivation of a telephone or interference from other sources
which can disrupt communications, the transmitter portion of the ATU-R (the “upstream
transmitter”) transmits a test signal over the subscriber line at varying power levels and
measures the echo at the receiver portion of the ATU-R (the “downstream receiver”).
The resultant measurement is used to determine an upstream transmission power level
that minimizes echo at the downstream receiver or that at least renders it acceptable. The
new power level, of course, is typically associated with a corresponding new parameter

set in the channel control parameters.

In addition to changing the bit allocation and gain parameters in response to a
disturbance event, it is generally necessary to change one or both of the subchannel
equalizers, (i.e., the time-domain equalizers or the frequency-domain equalizers), as well
as the echo canceller. Appropriate sets of these parameters may be formed in advance in

the same manner as the bit allocations and channel gains (i.e., in a preliminary training
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session, sending test communications over the subscriber line with various devices con-
nected to the line activated, measuring the resultant communication conditions, and de-
termining the various parameters based on the measurements), and stored in the secon-
dary channel control table for recall and use as required. Alternatively, they may be rede-
termined quickly during a retraining operation following detection of a disturbance event
and without excessivley disrupting communications, since these parameters are local to
the receiver and thus need not be transmitted to the other modem in the communications
pair.

In particular, in accordance with the preferred embodiment of the invention, on
detecting a disturbance event, the transceivers enter a “fast retrain” phase, as shown in
more detail in Figure 8. A common disturbance event is taking a telephone off hook or
replacing it on hook, and this is commonly detected at the ATU-R. The fast retrain proc-
ess will be illustrated for such an event, although it will be understood that it is not limited
to this, and that the retrain may be initiated for any type of disturbance event, and at either
end of the communication. Thus, on detecting such an event (Figure 8, event 200), the
ATU-R notifies the ATU-C (step 202) to enter the fast retrain mode. The notification is
preferably performed by transmitting a specific tone to the ATU-C, but may also comprise
a message or other form of communication. On receiving this notification (step 204), the
ATU-C awaits notification from the ATU-R of the power levels to be used for subsequent
communications. This includes at least the upstream power level, and may include the
downstream power level as well, since changing the upstream power level may impact
downstream communications to some extent. For purposes of completeness, it will be
assumed that both of these power levels are to be changed, although it will be understood

that in many cases, only the upstream power level will be changed.

The new power levels to be used are determined by the ATU-R (step 208), which
transmits a channel-probing test signal to the upstream transceiver and measures the resul-
tant echo at the downstream receiver; it then sets the upstream power level to minimize
the echo into the downstream signal, and may also set the downstream power level to
minimize the effects of leakage of the upstream transmission into the downstream trans-
mission at the upstream transmitter. The ATU-R then communicates (steps 210, 212) to

the ATU-C the selected upstream and downstream transmission levels, e.g., by transmit-
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ting to the upstream transceiver one or more tones modulated by binary PSK (phase shift
keying) signals to ensure robust communication of the power levels. The power levels
may be specified directly (e.g., as “-30dbm™), or indirectly (e.g., as “level 3” of a prede-
fined group of levels), and the specification may identify the actual value of the power

level, or simply the change in power level to be effectuated.

The ATU-R (step 214) and ATU-C (step 216) next commence transmission at the
new power levels for purposes of retraining the equalizers and echo cancellers. Prefera-
bly, the change to the new power levels is synchronized through use of frame counters
which are used in DSL systems to align transmitters and receivers, but the synchronization
may be accomplished by other means (e.g., by transmitting a tone or message or by simply
sending a flag) or may be left unsynchronized. Based on the training transmission, the
ATU-R and ATU-C determine (steps 218, 220) the time and frequency domain equalizer
parameters appropriate to the new power levels, as well as the appropriate echo canceller
coefficients. The determination may include calculations based on these measurements in
order to determine the coefficients, or the measurements may be used to select a particu-
lar set or sets of coefficients from one or more precalculated sets stored at the ATU-R

and ATU-C, respectively.

For example, as was the case with determination of the power levels responsive to
a disturbance event, the SNRs on various subchannels may be used to identify a particular
device or devices associated with the event and thus to select an appropriate prestored
parameter set stored at the ATU-R and ATU-C, respectively, simply by transmitting to
the other modem in the communication pair a message or tone set that specifies the num-
ber of the parameter set to be used for subsequent communications. The SNR measure-
ments thus serve as a “signature” of the device or devices associated with the disturbance
event, and allow rapid identification of these devices. This approach can significantly re-
duce the time required to retrain the equalizers and echo cancellers. And even if training
is required under particular circumstances, the training time can be meaningfully reduced

by using prestored coefficients as the starting point.

To facilitate use of the SNR measurements in retrieving corresponding parameter
sets, it is desirable that the various parameter sets as stored be indexed to sets of SNRs,

so that one or more parameter sets associated with particular communication conditions
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may quickly be identified and retrieved. One way in which this may be accomplished is
shown in Fig. 9A in which the respective parameter sets such as a first set 250, a second
set 252, etc. have, in addition to the subchannel (SC) number 254 and the corresponding
bit allocation (BA) and gain (G) entries, a SNR entry 260 characteristic of the parameter
set appropriate to a given communication condition, such as “on-hook™ (table 250), “off-
hook” (table 252), etc. Additional parameter sets such as frequency domain equalizer
coefficients, time domain equalizer coefficients, and echo cancellation coefficients may
also be stored in the tables, as would be appropriate for the receiver portion of the mo-
dem,; for the transmitter portion, these coefficients are not applicable and thus are not

stored.

An alternative means of linking the subchannel SNRs and the corresponding pa-
rameter sets is shown in Figure 9B. As there shown, a simple list structure 270 comprises
a parameter set identifier 272, and a multiplicity of SNR measures 274, 276, etc. SNRs
for some or all of the subchannels may be included. The list may be searched measure for
measure to identify the nearest match to a stored parameter set, and that set then retrieved
for subsequent use. In either Figure 9A or 9B the parameter set indexed to the SNRs may
be a set of multiple parameters, such as bit allocations and gains, among others, of may

comprise a single set such bit allocations only, or gains, only, etc.

The identification of the channel control parameter sets to be used for the subse-
quent communications is exchanged between the transceivers (steps 226-232) which then
switch to these parameter sets (234, 236) and commence communications under the new
conditions. The message containing the channel control parameters is preferably modu-
lated in a similar manner as the “power level” message, i.e., using several modulating
tones with BPSK signaling. The message is therefore short and very robust. It is impor-
tant that it be short so that the fast retrain time is minimized, since the modem is not
transmitting or receiving data during this time and its temporary unavailability may thus be
very noticeable, as would be the case, for example, when the modem is being used for
video transmission, or internet access, etc. Similarly, it is important that the message
transmission be robust , since error-free communication during a disturbance event is very
difficult, due to decreased SNR, impuise noise from ringing or dialing, or the like. Thus,

the provision and utilization of pre-stored parameter sets significantly enhances the reli-
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ability of communications despite the absence of a splitter at at least one of the modems

and despite the presence of disturbance events concurrent with data communications.

It is expected that the modems described herein will most commonly be used in
dedicated pairs, i.e., each subscriber (ATU-R) modem wiil communicate with a dedicated
central office (ATU-C) modem. However, in certain cases it may suffice to provide a
single master central office modem to service two or more subscriber modems. The pres-
ent invention accommodates that eventuality as well. Thus, in Figure 10, a central office
modem 280 communicates through a switch 282 with a plurality of subscriber modems
284, 286, 288 over subscriber lines 290, 292, 294, The modems may be located at differ-
ing distances from the central office and in different communication environments, and
thus the channel control tables of each may be unique among themselves. Accordingly,
the central office modem stores a master set 296 of individual channel control parameter
sets 298, 300, 302, etc., one set (both transmit and receive) for each subscriber modem.
On initiating communications to a particular subscriber, the central office modem retrieves
the appropriate transmission parameter set for the subscriber and uses it in the subsequent
communications. Similarly, on initiating communications to the central office, a given
subscriber modem identifies itself to enable the central office modem to retrieve the ap-

propriate reception parameter set for that subscriber.
CONCLUSION

From the foregoing it will be seen that we have provided an improved communications
system for communication over subchannels of limited bandwidth such as ordinary resi-
dential telephone lines. The system accommodates both voice and data communications
over the lines simultaneously, and eliminates the need for the installation and use of
“splitters”, an expense that might otherwise inhibit the adoption and use of the high com-
munication capacity offered by DSL systems. Thus, it may be implemented and used as
widely as conventional modems are today, but offers significantly greater bandwidth than

is currently attainable with such modems.
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CLAIMS

1. Apparatus for use in connection with a wireline data communication system carrying
data in a multiplicity of different frequency bands which may be present concurrently on

the line, comprising

A. means for detecting a signaling event associated with at least a first of said
bands;

B. means responsive to said detecting means for modifying the processing of sig-

nals transmitted over at least a second of said bands.

2. Apparatus for use in connection with a wireline data communication system carrying
data in a multiplicity of different frequency bands which may be present concurrently on
the line and including means responsive to a signal resulting from a disturbance event to

modify the transmission of data over said line.

3. Apparatus according to claim 2 in which said signal is a collection of PSK modulated

tones.

4. Apparatus according to claim 2 in which said disturbance event is an on-hook to off-

hook transition.

5. Apparatus according to claim 2 in which said disturbance event is off-hook to on-hook

transition

6. Apparatus according to claim 2 in which said disturbance event is caused by a change

in the crosstalk environment.

7. Apparatus according to claim 2 in which said modification of transmission includes

sending a sequence of reference frames.

8. Apparatus according to claim 2 in which said modification of transmissionincludes en-

tering a fast retrain mode.
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9. Apparatus according to claim 1 in which said detecting means comprises

) means for measuring, at a multiplicity of different times, a characteristic of

a signal transmitted over said wireline

()] means for activating said modifying means when samples of the measured

characteristics differ in a defined manner at selected different times.

10. Apparatus according to claim 9 in which said measuring means measures the extent
of errors in error-correcting code associated with the signals whose processing is to be
modified and activates said modifying means only when the extent of said errors exceeds a

defined threshold for at least a defined number of times.

11. Apparatus according to claim 10 in which said measuring means activates said modi-
fying means only when the number of errors in each said sample exceeds a defined number

in each of two or more samples.

12. Apparatus according to claim 9 in which said measuring means measures a character-
istic of signals transmitted over a plurality of different frequency bands and activates said
modifying means only when the measured characteristic exceeds defined thresholds asso-

ciated with each of said plurality of frequency bands.

13. Apparatus according to claim 1 in which said wireline data communication system
comprises a telephone subscriber loop carrying both voice and data signals, and in which

said signaling event comprises an off-hook event.

14. Apparatus according to claim 1 in which said wireline data communication system
comprises a telephone subscriber loop carrying both voice and data signals, and in which

said signaling event comprises an on-hook event.

15. Apparatus according to claim 14 which includes a frequency domain equalizer for
equalizing the frequency characteristics of each of said frequency bands in accordance
with reference signals transmitted over said bands and in which said modifying means

comprises means for changing the characteristics of said equalizers in accordance with
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16. Apparatus according to claim 9 in which said measuring means measures the signal-
to-noise ratio of said reference signals and activates said modifying means only when said

ratio is less than a defined threshold for at least a defined number of times

17. Apparatus according to claim 9 in which said data communication system includes
means for transmitting a pilot tone and in which said apparatus includes means for meas-
uring at least one characteristic of said tone at different times and means for activating
said modifying means only when said characteristics manifest changes exceeding a defined

threshold for at least a defined number of times.

18. Apparatus according to claim 9 which includes means for transmitting over said
wireline information back to a source of said information signals, said means transmitting
at a first power level in the absence of detection of a signaling event, and transmitting at a

different power level responsive to detection of a signaling event.

19. Apparatus according to claim 9 which includes a first set of stored parameters for use

in processing said information when said system is in a first state.

20. Apparatus according to claim 19 which further includes a second set of stored pa-
rameters for processing said information when said system switches to a second state re-

sponsive to detecting a signaling event.
21. Apparatus according to claim 20 in which said second set is precomputed.

22. Apparatus according to claim 21 in which said second set is computed responsive to

reference signals received on said subchannel subsequent to detection of a signaling event.

23. Apparatus according to claim 21 in which said first and second sets are computed on

initiating a communications session.

24. Apparatus according to claim 1 including means for varying the data rate at which

said modifying meansprocesses said signals.

25. In a modem communicating data over a multiplicity of discrete sub-subchannels, each
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characterized by a bit allocation parameter defining the allocation of bits to the corre-
sponding subchannel for communication over said subchannel, the improvement compris-

ing:

A means for storing a first channel control table for allocating bits to said

subchannel during a first communication condition;

B. means defining a second channel control table for allocating bits to said

table during a second communication condition;
26. A modem according to claim 25 which includes a
means for switching between said tables on the detection of a defined event.

27. A modem according to claim 25 in which said first table establishes the communica-

tions capabilities of said modem during normal operation.

28. A modem according to claim 27 in which said second table establishes the communi-

cations capabilities of said modem during diminished operation.

29. A modem according to claim 25 in which said defined event includes signaling events

comprising transitions between on-hook and off-hook conditions.

30. A modem according to claim 29 in which said first table defines communications in

the absence of a signaling event.

31. A modem according to claim 30 in which said second table defines communications

responsive to detection of a signaling event.

32. A modem according to claim 31 in which said switching means switches from said
second table to said first table on detection of a signaling event indicative of cessation of a

previously-detected signaling event.

33. A modem according to claim 25 in which said first and second tables are determined
during an initialization session in which the communication capabilities of said sub-

subchannels are determined.
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34. A modem according to claim 33 in which said first table is defermined in the absence

of interfering signaling conditions.

35. A modem according to claim 34 in which said second table is determined as a func-

tion of said first table.

36. A modem according to claim 35 in which the bit allocations of said second table are

determined as a percentage of the bit allocations of said first table.

37. A modem according to claim 27 in which the bit allocations of second table are de-
termined by adding noise margins to the determination of the bit allocations of the corre-

sponding sub-subchannels of said first table.

38. A modem according to claim 25 in which said second channel control table is deter-
mined responsive to a plurality of signaling events created by a corresponding plurality of
event-generating sources, each defining a channel control table specific to the given
source, and comprises a composite table formed by selecting, for each sub-subchannel, the
minimum bit allocation for the corresponding sub-subchannel of the table associated with

each of the plurality of sources.

39. A modem according to claim 25 in which said second channel control table is selected
from a plurality of tabies determined responsive to a plurality of signaling events created
by a corresponding plurality of event-generating sources, each defining a channel control

table specific to the given source.

40. A modem according to claim 39 which includes means for selecting one of said plu-
rality of tables for use as said second table in accordance with the source generating an

event.
41. A modem according to claim 25 which further includes:

C. means for redetermining said channel control tables while said modem is in

either of said communication conditions; and

D. means for communicating a redetermined table to a second modem en-
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gaged in communication with said modem.

42. A modem according to claim 41 in which said communicating means communicates
said redetermined table over a dedicated sub-subchannel selected from among said dis-

crete sub-subchannels.

43. A modem according to claim 41 in which said communicating means further com-
municates to said second modem information identifying the type of said redetermined

table.

44. A modem for use in asymmetric digital subscriber loop communications having both
upstream and downstream communication subchannels formed from a plurality of sub-
subchannels, said loop adapted to carry both voice and data communications thereon,

comprising;:

A means for storing a first table defining data communications between said

modem and a second modem connected to said loop during a first communication state;

B. means for storing a second table defining data communications between

said modem and said second modem during a second communication state.

45. A modem according to claim 44 that includesmeans for switching between said tables

responsive to the occurrence of selected events.

46. A modem for use in asymmetric digital subscriber loop communications having both
upstream and downstream communication subchannels formed from a plurality of sub-
subchannels, said loop adapted to carry both voice and data communications thereon,

comprising:

A. means for storing a first table defining data communications between said

modem and a second modem connected to said loop during a first communication state;

B. means for storing a second table defining data communications between

said modem and said second modem during a second communication state; and

C. means for selecting between said tables based on signals received from
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said second modem.
47. A modem according to claim 44 which includes:
D. means for detecting said selected events, said means including

¢) means for monitoring a selected characteristic of at least one of

said communication subchannels during a plurality of communication intervals;

?) means for determining differences in the selected characteristic

over said plurality of intervals;

3) means for generating a signal initiating switching of said tables

when said differences exhibit a defined pattern.

48. A modem according to claim 47 in which said pattern comprises an initial difference
above a first threshold amount followed by at least a subsequent differences less than a

second threshold amount.

49. A modem according to claim 48 in which said first threshold is greater than said sec-
ond threshold.

50. A modem according to claim 49 in which said pattern comprises an initial difference
above a first threshold amount followed by a plurality of subsequent differences less than

a second threshold amount.

51. A modem according to claim 48 in which said selected characteristic is monitored

over at least one sub-subchannel.

52. A modem according to claim 48 in which said selected characteristic is monitored

over a plurality of sub-subchannels.

53. A modem according to claim 52 which includes means for averaging the monitored
values of said selected characteristic over said sub-subchannels for use in comparing said

initial difference to said first threshold.

54. A modem according to claim 52 which includes means for averaging the monitored
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values of said selected characteristic over said sub-subchannels for use in comparing said

subsequent difference to said second threshold.

55. A modem according to claim 49 in which said characteristic comprises an error code

C€ITOr.

56. A modem according to claim 49 in which said characteristic comprises a signal-to-

noise ratio.

57. A modem according to claim in which said characteristic comprises a parameter of a

pilot tone.

58. A modem according to claim 44 in which said first table establishes a data rate

greater than that of said second table.

59. A modem according to claim 58 in which said tables define the number of bits

transmitted over the respective sub-subchannels.

60. A modem according to claim 59 in which said events comprise signaling events se-

lected from the group comprising off-hook, on-hook, ringing, and busy.

61. A modem according to claim 47 in which said switching means returns said modem

to said first communication state on termination of the event causing the switching.
62. A modem according to claim 44 which includes:

D. means for emitting into said loop a test signal for probing the return char-

acteristics of transmissions into the loop by said modem; and

E. means for limiting the power level of said transmissions in accordance with

the measured return characteristics.

63. A modem according to claim 62 in which said probe comprises a tone at a defined
amplitude and frequency and in which the measured return characteristics comprise at
least one characteristic selected from the group comprising the amplitude and frequency

of the signal returned to said modem in response to emission of said tone.
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64. A modem according to claim 62 in which said probe comprises a plurality of tones at
defined amplitudes and frequencies and in which the measured return characteristics com-
prise at least one characteristic selected from the group comprising the amplitudes and

frequencies of the signal returned to said modem in response to emission of said tone.

65. A modem according to claim 44 which includes equalizers for equalizing the trans-

mission characteristics of said subchannels and in which said tables define:;
) coeflicients of time domain equalizers or
(3] coefficients of frequency domain equalizers or
3 coefficients of digital echo cancellers

66. A modem accofding to claim 44 in which said first table is determined during an ini-

tialization process in the absence of a selected event.

67. A modem according to claim 66 in which said second table is determined during an

initialization process in the presence of a selected event.

68. A modem according to claim 67 in which said second table is redetermined respon-

sive to occurrence of a selected event.

69. A modem according to claim 68 in which redetermined tables are communicated from
a given modem to other modems with which it is in communication during a quiescent

state.

70. A modem according to claim 47 in which said generating means causes transmission
of a switch-control signal over one of said sub-subchannels in response to detection of a

selected event.

71. A modem according to claim 47 in which said generating means causes transmission

of a tone in response to detection of a selected event.

72. Apparatus for use in communicating digital data over a digital subscriber line concur-

rent with voice communications over said line, comprising:
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A. atransceiver for communicating digital data to and from said line;

B. a first storage element for storing a first set of communication parameters for

use in communicating data under a first communication condition; and

C. a second storage element for storing a second set of communication parame-

ters for use in communicating data under a second communication condition.

73. Apparatus according to claim 72 including a means for monitoring communication
conditions on said line and for switching between said first and second sets of communi-

cation parameters responsive to changes between said communication conditions.

74. Apparatus according to claim 72 including means responsive to signals communi-

cated to it to switch between said sets of communicaton parameters.

75. Apparatus according to claim 72 which communicates said data over a plurality of
subchannels of different frequency and at least potentially different information-carrying
capacity and in which said communication parameters comprise at least a channel control
table defining the number of bits to be allocated to the subchannels for communications

under the respective conditions.

76. Apparatus according to claim 72 which communicates said data over a plurality of
subchannels of different frequency and at least potentially different information-carrying
capacity and in which said communication parameters comprise subchannel gain tables
defining the gain characteristics of the subchannels for communications under the respec-

tive conditions.

77. Apparatus according to claim 72 which communicates said data over a plurality of
subchannels of different frequency and at least potentially different information-carrying
capacity and in which said communication parameters comprise frequency domain equal-
izers defining the frequency characteristics of the subchannels for communications under

the respective conditions.

78. Apparatus according to claim 72 in which both sets of communication parameters are

determined during an initialization interval preceding communication of working data.
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79. Apparatus according to claim 72 in which said first set of communication parameters
is determined during an initialization interval preceding communication of working data
and said second set of parameters is determined during a subsequent interval following

communication of working data and characterized by said second communications condi-

tions.

80. Apparatus according to claim 79 in which said second set of communication parame-
ters is determined at a first transceiver of a transceiver pair in communication with each
other and is communicated to a second transceiver in said pair during a time when said

transceivers are operating with an earlier set of set of secondary parameters.

81. Apparatus according to claim 80 in which said transceivers revert to said first set of
communications parameters responsive to return of communications to a first communi-

cations condition.

82. Apparatus according to claim 72 which includes means for signaling between said

transceivers a desired change in communications parameters.

83. Apparatus according to claim 82 in which said signaling means comprises means for

transmitting messages over one or more subchannels.

84. Apparatus according to claim 82 in which said signaling means comprises means for
transmitting messages over one or more subchannels intermediate subchannels used for

upstream and downstream communications.
85. Apparatus according to claim 83 in which said messages comprise tones.

86. Apparatus according to claim 72 in which said transceiver transmits and receives data
over a defined number of subchannels and which includes means for identifying the sub-

channels over which said transceivers will communicate with each other.

87. Apparatus according to claim 86 in which said identifying means includes means for
nulling at least those portions of the stored sets of communications parameters that define

the bit capacity of the subchanels that are being excluded from communications.
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88. Apparatus according to claim 72 in which said second set of parameters includes
communication parameters corresponding to a plurality of devices connected for voice

communications over said line.

89. Apparatus according to claim 80 in which said second set of parameters includes a
plurality of subsets of communications parameters characteristic of a corresponding plu-
rality of voice communication devices for defining communications when a selected de-

vice is active.

90. Apparatus according to claim 89 including means for identifying which of said plural-
ity of devices is active and for selecting the corresponding communications parameter set

for such device.

91. Apparatus according to claim 90 in which said identifying means includes signaling

means interconnecting said voice communication devices to said transceiver.

92. In a communication system using discrete multitone modulation, the improvement
comprising storing a first channel control table for use in defining communications under
a first communication state and storing at least a second channel control table for com-

munication under a second communication state.

93. A modem for use in symmetric or asymmetric digital subscriber loop communica-
tions having both upstream and downstream communication subchannels formed from a

plurality of sub-subchannels, comprising:

A means for storing a first table defining data communications between said

modem and a second modem connected to said loop during a first communication state;

B. means for storing a second table defining data communications between

said modem and said second modem during a second communication state:

94. A modem according to claim 93 that includes means for switching between said ta-

bles responsive to the occurrence of selected events.

95. A modem according to claim 94 in which said selected event includes a transition
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from on-hook to off-hook.

96. A modem according to claim 94 in which said selected event includes a transition

from off-hook to on-hook.

97. A modem according to claim 94 in which said selected event includes a change in the

crosstalk environment.

98. A modem according to claim 93 that includes means for switching between said ta-

bies based upon reception of a signal from a remote modem.

99. A modem according to claim 98 in which said signal includes a message.

100. A modem according to claim 98 in which said signal includes a tone or set of tones.
101. A modem according to claim 98 in which said signal includes a flag.

102. A modem according to claim 93 that includes means for switching between said ta-

bles at a time that depends upon a frame counter.

103. A modem according to claim 93 that includes means for switching between said ta-

bles at a time that depends upon a flag.

104. A multicarrier modem for use in symmetric or asymmetric digital subscriber loop
communications having both upstream and downstream communication subchannels
formed from a plurality of subchannels that includes a means to select the number of said
subchannels that are to be used for communications based upon a signal from a remote

modem.

105. A modem according to claim 104 in which said signal is received prior to initializa-

tion of modem.

106. A modem according to claim 104 in which said signal is a message dictating how

many subchannels are to be used.

107. A modem according to claim 104 in which said signal is a message selecting one of

a collection of candidate subchannel selections.
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108. A modem according to claim 104 in which said signal is a tone or collection of tones

selecting one of a collection of candidate subchannel selections.

109. A multicarrier modem for use in symmetric or asymmetric digital subscriber loop
communications having both upstream and downstream communication subchannels
formed from a plurality of subchannels that includes a means to signal to a remote modem

the number of said subchannels that are to be used for communications.

110. A modem according to claim 109 in which said signal is transmitted prior to initiali-

zation of modem.

111. A modem according to claim 109 in which said signal is a message dictating how

many subchannels are to be used.

112. A modem according to claim 109 in which said signal is a message selecting one of

a collection of candidate subchannel selections.

113. A modem according to claim 109 in which said signal is a tone or collection of tones

selecting one of a collection of candidate subchannel selections.

114. A multicarrier modem for use in symmetric or asymmetric digital subscriber loop
communications having both upstream and downstream communication subchannels
formed from a plurality of subchannels, comprising of a means to limit the number of
transmission subchannels in order to communicate with a remote modem that is only ca-

pable of receiving the limited frequency band.

115. A multicarrier modem for use in symmetric or asymmetric digital subscriber loop
communications having both upstream and downstream communication subchannels
formed from a plurality of subchannels, comprising of a means to limit the number of re-
ceiver subchannels in order to communicate with a remote modem that is only capable of

transmitting the limited frequency band.

116. A multicarrier modem that for use in symmetric or asymmetric digital subscriber

loop communications having both upstream and downstream communication subchannels
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formed from a plurality of subchannels, comprising of a means to determine the location

of a telephone that would benefit from the use of a low pass filter.

117. A multicarrier modem according to claim 116 in which said determination means

includes monitoring the signal to noise ratio when said telephone goes off-hook.

118. A multicarrier modem according to claim 116 in which said determination means
includes monitoring the echo response of the transmitted signal when said telephone goes
off-hook.

119. In a modem communicating data over a wireline via a multiplicity of discrete sub-
channels in accordance with a bit-loading specification defining the allocation of bits to

the corresponding subchannel for communication thereon, the improvement comprising:

A irst means for storing a primary bit allocation table for allocating said bits during

a first communication condition; and

B. second means for storing a secondary bit allocation table for allocating said

bits during a second communication condition.

120. A modem according to claim 119 which includes means for switching between bit

allocation sets defined by said tables.

121. A modem according to claim 120 in which said switching means is actuated respon-
sive to at least one of the events comprising receipt of a message, a tone, or a flag from a

remote modem.

122. A modem according to claim 121 in which switching means includes the use of a

frame counter to designate when said switch is to occur.

123. A modem according to claim 119 in which said primary bit allocation table defines
communications in the absence of a disturbance event, and in which said secondary bit

allocation table defines communications in response to said disturbance event.

124. A modem according to claim 123 in which said secondary bit allocation table defines

communications over said subchannels for times when said subchannels are affected by
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voice communication activities.

125. A modem according to claim 124 in which said secondary bit allocation table defines
communications over said subchannels for times when said subchannels are affected by

voice communication devices that have entered the off-hook state.

126. A modem according to claim 124 in which said primary bit allocation table defines
communications over said subchannels for times when said subchannels are affected by

voice communication devices that have returned from an off-hook state.

127. A modem according to claim 119 in which said primary table is determined in a pre-
liminary training session in which potentially interfering voice communication devices

connected to the line are inactive.

128. A modem according to claim 119 in which said primary table is determined in the

absence of disturbance events.

129. A modem according to claim 119 in which said primary bit allocation table is de-

termined in advance of installation of said modem.

130. A modem according to claim 119 in which said secondary table is determined in an

initial training session based on measurements of communications over said wireline.

131. A modem according to claim 119 in which said secondary table is determined in ini-
tial training sessions based on measurements of communications over said wireline with

potentially interfering voice communication devices connected to the line selectively acti-
vated to thereby form a secondary table comprising a plurality of bit allocation sets corre-

sponding to the plurality of activated devices.

132. A modem according to claim 131 in which said devices are activated one by one so

that each bit allocation set corresponds to a single device.

133. A modem according to claim 131 in which said devices are activated in groups of

two or more so that each bit allocation set corresponds to one of said groups.

134. A modem according to claim 119 in which said secondary bit allocation table is de-
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termined from said primary bit allocation table.

135. A modem according to claim 119 in which the bit allocations of said secondary table

are determined as a percentage of the bit allocations of said primary table.

136. A modem according to claim 119 in which the bit allocations of said secondary table
are determined based on a percentage of the signal to noise ratios on which the bit alloca-

tions of said primary table are determined.

137. A modem according to claim 119 in which the bit allocations of said secondary table
are determined based on information defining said primary table but using a different bit

error rate

138. A modem according to claim 119 in which said secondary bit allocation table is
formed as a composite of the bit loading sets of a multiplicity of voice communication

devices and/or disturbances.

139 A modem according to claim 119 in which the bit allocation value for each subchan-
nel in said composite is the worst-case value for the corresponding subchannel in the bit

allocation sets defining said devices and/or disturbances.

140. A modem according to claim 119 in which said secondary bit allocation table is de-
termined by adding a power margin to the calculations for the respective entries of the

primary table.

141. A modem according to claim 119 in which said secondary table comprises a set of
bit allocation tables defining the bit allocations for a corresponding set of devices that may

be connected to said wireline.

142. A modem according to claim 119 in which said secondary table comprises a set of
bit allocation tables defining the bit allocations for a corresponding set of disturbances on

said wireline.

143. A modem according to claim 119 in which said secondary table comprises a set of

bit allocation tables defining the bit allocations for a corresponding set of devices and
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disturbances on said wireline.

144. A modem according to claim 119 in which a plurality of secondary bit allocation
tables are determined by adding a corresponding plurality of power margins to the calcu-
lations for the respective entries of the primary table, each secondary table so determined

corresponding to a different communications state.

145. A modem according to claim 119 in which said power margin is substantially uni-

form across the entries of a table.

146. A modem according to claim 119 in which said power margin varies across the en-

tries of a table.

147. A modem according to claim 119 configured to switch to a secondary state corre-
sponding to use of said secondary bit allocation table for communications responsive to

occurrence of a disturbance event.

148. A modem according to claim 147 configured to switch to a primary state corre-
sponding to use of said primary bit allocation table for communications responsive to ces-

sation of a disturbance event.

149. A modem according to claim 147 configured to switch to a different secondary state
corresponding to use of a different set of bit allocations in said secondary bit allocation
table for communications responsive to occurrence of a further disturbance event, differ-

ent from a disturbance event preceding it, while said modem is in said secondary state.

150. A modem according to claim 119 in which said switching means includes means re-

sponsive to a disturbance event to thereby initiate a switch between said tables.

151. A modem according to claim 150 which includes a signaling line connecting a de-

vice to said modem for signaling to said modem the occurrence of a disturbance event.

152. A modem according to claim 150 which includes means for detecting a disturbance

event on said line.

153. A modem according to claim 152 in which said detecting means includes means for
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monitoring the signal to noise ratios on one or more subchannels of said line and means

responsive to said ratios for selecting a bit allocation set for use in communications.

154. A modem according to claim 152 in which said detecting means includes means for
monitoring a parameter of a tone or collection of tones and means responsive to said pa-

rameter for selecting a bit allocation set for use in communications.

155. A modem according to claim 152 in which said parameter includes the amplitude

and/or phase of said tone or tones.

156. In a modem communicating data over a wireline via a multiplicity of discrete sub-
channels in accordance with a gain specification defining the allocation of gains to the cor-

responding subchannel for communication thereon, the improvement comprising:

A. first means for storing a primary gain set for allocating said gains during a first

communication condition; and

B. second means for storing a secondary gain set for allocating said gains during a

second communication condition.

157. A modem according to claim 156 which includes means for switching between said

gain sets.

158. A modem according to claim 157 in which said switching means is actuated respon-
sive to at least one of the events comprising receipt of a message, a tone, or a flag from a

remote modem.

159. A modem according to claim 157 in which said switching means is actuated respon-

sive to its detection of a disturbance event.

160. A discrete multitone modem including a transmitter for communicating to a remote
receiver at one of a plurality of power levels associated with particular communication

conditions on a digital subscriber line, comprising

A. means for monitoring at least one parameter indicative of communication

" conditions on said line;

SUBSTITUTE SHEET (RULE 26)

Page 694 of 849



WO 99/20027 PCT/US98/21442

-56-

B. means dependent on said parameter for selecting the power level at which said

modem either transmits, or receives, data or both.

161. A discrete multitone modem including a transmitter for communicating to a remote
receiver at one of a plurality of power levels associated with particular communication
conditions on a digital subscriber line and adapted to receive a power select signal indicat-

ing a power level to be used for subsequent transmissions.

162. A discrete multitone modem according to claim 160 which includes means for
communicating to another modem with which it communicates a power select signal indi-

cating a power level to be used for subsequent transmissions.

163 A discrete multitone modem according to claim 160 which includes means for receiv-
ing from another modem with which it communicates a power select signal indicating a

power level to be used for subsequent transmissions.

164 A discrete multitone modem according to claim 160 in which said power select sig-

nal identifies a specific power level at which said other modem is to receive data from it.

165. A discrete multitone modem according to claim 162 in which said power select sig-

nal identifies a specific power level at which said other modem is to transmit data to it.

166. A discrete multitone modem according to either of claims 164 or 165in which said
discrete power level comprises one of several predefined power levels for communication

between said modems.

167. A discrete multitone modem according to claim 162 in which the means for com-
municating said power select signal includes means for transmitting said signal over at
least one subchannel intermediate an upstream and a downstream set of data subchannels

over which said modem communicates.

168. A discrete muititone modem according to claim 167 which the means for communi-
cating said power select signal includes means for transmitting said signal over one or

more data subchannels over which said modem communicates.
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169. A discrete multitone modem according to claim 160 which includes a plurality of
parameter sets stored in said modem and defining communications under a plurality of

different communication conditions on said line.

170. A discrete multitone modem according to claim 169 in which said parameter sets
include at least a primary set of parameters for controlling communications in the absence
of a disturbance event, and a secondary set for controlling communications responsive to

a disturbance event.

171. A discrete multitone modem according to claim 169 in which said monitoring means
monitors the signal to noise ratio on one or more subchannels over which said modem
communicates and selects a parameter set based on said ratio for controlling subsequent

communications.

172. A discrete multitone modem according to claim 169 in which said parameter sets
include a set of parameters defining the power level at which said modem transmits to

other modems.

173. A discrete multitone modem according to 169 in which said parameter sets include a
set of parameters defining the power level at which said modem receives communications

from other modems.

174. A discrete multitone modem according to claim 173 in which said modem includes
means for transmitting to another modem with which it is in communication a signal indi-

cating a parameter set to be used in subsequent communications between said modems.

175. A discrete multitone modem according to claim 172 in which said modem includes
means for receiving from another modem with which it is in communication a signal indi-

cating a parameter set to be used in subsequent communications between said modems.

176. A discrete multitone modem according to claim 160 in which said modem commu-
nicates to another modem a desired power level by itself changing the power level at

which it communicates with said other modem.

SUBSTITUTE SHEET (RULE 26)

Page 696 of 849



WO 99/20027 PCT/US98/21442

-58-

177. A discrete multitone modem including a transmitter for communicating to a remote
receiver at one of a plurality of power levels associated with particular communication
conditions on a digital subscriber line and storing a plurality of sets of channel control pa-

rameters corresponding to said power levels, comprising

A. means responsive to a disturbance event to select a power level at which said

transmitter transmits to said receiver; and
B. means for communicating the selected power level to said receiver.

178. A discrete multitone modem including a transmitter for communicating to a remote
receiver at one of a plurality of power levels associated with particular communication

conditions on a digital subscriber line and storing a plurality of sets of channel control pa-
rameters corresponding to said power levels and adapted to receive a power select signal

indicating a power level to be used for subsequent transmissions.

179. A discrete multitone modem according to claim 177 in which the means for com-
municating the change in power level transmits a power power select signal to the remote

receiver indicative of the change in power level.

180. A discrete multitone modem according to claim 179 in which the transmitting means

transmits a tone indicating the desired change in power level to the remote receiver.

181. A discrete multitone modem according to claim 179 in which the transmitting means
transmits a plurality of tones indicating the desired change in power level to the remote

recetver.

182. A discrete multitone modem according to claim 181 in which the plurality of tones
designates a particular one of several power levels to which the remote receiver is to

switch.

183. A discrete muiltitone modem according to claim 179 in which the means for com-
municating the change in power level designates a particular one of several power levels

to which the remote receiver is to switch.
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184. A discrete multitone modem according to claim 179 in which the means for com-
municating the change in power level to the remote receiver includes means for transmit-
ting a power power select signal over at least one subchannel intermediate an upstream

and a downstream set of data subchannels over which said modem communicates.

185. A discrete multitone modem according to claim 177 in which the means for com-

municating the change in power level to the remote receiver comprises

(1) means associated with the transmitter for effectuating the change in power

level at said transmitter;

(2) means in the remote receiver responsive to the change in power level at the

transmitter for changing the power level of its reception in accordance therewith.

186. A discrete multitone modem according to claim 177 in which the means for com-
municating the change in power level to the remote receiver transmits to the remote re-
ceiver a frame count at which the remote receiver is to effectuate the change in power

level.

187. A discrete multitone modem according to claim 178 in which the means for receiv-
ing the power select signal inlcudes a frame count at which said modem is to effectuate

the change in power level.

188. A discrete multitone modem according to claim 177 including a receiver responsive

to communication of a power level change from a remote transmitter to thereby:

(1) measure at least one parameter indicative of communication conditions on

said line responsive to said power level change, and

(2) select new channel control parameters from a plurality of sets of prestored

channel control parameters based on said measurement.

189. A discrete multitone modem according to claim 188 which said at least one parame-

ter comprises a signal to noise ratio of communications over said line.
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190. A discrete multitone modem according to claim 188 which said at least one parame-

ter comprises a characteristic of a monitor tone transmited over said line.

191. A discrete multitone modem according to claim 188 which said characteristic com-

prises at least the amplitude of said tone.

192. A discrete multitone modem according to claim 188 which said characteristic com-

prises at least the phase of said tone.

193. A discrete multitone modem according to claim 188 which said characteristic com-

prises at least the frequency of said tone.

194. A discrete multitone modem according to claim 189 in which said tone is transmit-
ted over over at least one subchannel intermediate an upstream and a downstream set of

data subchannels over which said modem communicates.

195. A discrete multitone modem according to claim 189 in which said signal to noise

ratio is based on measurements of reference frames transmitted over said line.

196. A discrete multitone modem according to claim 26 in which said signal to noise ra-

tio is based on measurements of data transmitted over said line.

197. A discrete multitone modem according to claim 177 in which the means responsive
to a disturbance event comprises means for measuring at least one characteristic of said
line indicative of communications on said line and for selecting a power level responsive

to said measurement.

198. A discrete multitone modem according to claim 197 in which said characteristic
comprises CRC errors and in which said measuring means signals a change in power level
when said CRC errors exceed a defined threshold on a selected plurality of successive

measurements thereof.

199. A discrete multitone modem according to claim 197 in which said characteristic
comprises forward error correction coefficients and in which said measuring means signals

a change in power level when the number of errors exceeds a defined threshold.
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200. A discrete multitone modem according to claim 199 in which said measuring means

signals a change in power level when the number of uncorrected errors exceeds a defined
threshold.

201. A discrete multitone modem according to claim 199 in which the means for com-
municating the change in power level designates a single alternative power level to

which the remote receiver is to switch.

202. A discrete multitone modem according to claim 177 which includes means in said

modem for at least one parameter indicative of communication

203. A method of transmitting data over a wire line through upstream and downstream
channels, respectively, from first and second pluralities of discrete-frequency subchannels,

comprising the steps of’

A. storing at least first and second parameter sets defining data communications

over said channels under at least two different communication conditions;

B. selecting a parameter set for use in communications in accordance with the

prevailing communication condition.

204. The method of claim 203 in which said selecting step includes the step of monitoring
communications on said line and transmitting and selecting said parameter set in accor-

dance with said monitoring.

205. The method of claim 204 in which said monitoring step includes the step of measur-

ing at least one communication indicium on said at least one subchannel.

206. The method of claim 205 in which said at least one indicium is selected from the
group comprising signal to noise ratios, error rates, and the amplitude and frequency of

tones.

207. The method of claims 203 or 206 which includes the step of transmitting over said
line a signal that identifies the parameter set to be selected.
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208. The method of claims 203 or 206 which includes the step of receiving over said line

a signal that identifies the parameter set to be selected.

209. The method of claim 207 in which said signal is transmitted on a subchannel inter-

mediate said upstream and downstream channels.

210. The method of claim 208 in which said signal is received on a subchannel interme-

diate said upstream and downstream channels.

211. The method of claims 203, 206 or 207 in which said first parameter set defines
communications over said line in the absence of a disturbance event and said second pa-

rameter set defines communications over said line in the presence of a disturbance event.

212. The method of claims 203 or 211 in which said parameter sets include at least one

parameter set from the group comprising subchannel bit allocations subcahnel gains.

213. The method of claims 203 or 211 in which said parameter sets include at least one
parameter set from the group comprising subchannel frequency domain coefficients, time

domain coefficients, and echo cancellation coefficients.

214. The method of claims 212 or 213 in which said parameter sets include a first section
for use in transmitting data over said line and a second portion for receiving data over said

line.

215. A method of transmitting data over a wire line through upstream and downstream
channels, respectively, from first and second pluralities of discrete-frequency subchannels,

comprising the steps of:

A. signaling over said line to a remote receiver the intention to transmit data over

said line at a selected one of a plurality of predefined power levels;
B. transmitting data over said line at said selected power level

216. The method of claims 214 or 219 which includes the step of monitoring communi-

cations conditions on said line and selecting said power level in accordance therewith.
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217. The method of claims 215 or 219 in which the step of selecting said power level in-
cludes the step of selecting a first power level in response to detecting the absence of a

disturbance event and selecting a second power level in response to detecting the pres-

ence of a disturbance event.

218. The method f claim 217 in which said second power level is selected from a group

of at least two power levels.

219. A method of transmitting data over a wire line through upstream and downstream
channels, respectively, from first and second pluralities of discrete-frequency subchannels,

comprising the steps of:
A. signaling to a remote receiver at one of a plurality of power levels;
B. receiving a signal from a receiver that determines said power levels.

220. The method of claim 219 in which said power levels are selected from a plurality of

predetermined power levels having corresponding pre-stored parameter sets.

221. The method of claim 219 in which said power levels are received via said signal

from said remote receiver.

222. The method of claim 219 in which said signal includes at least one signal selected

from the group comprising a message, a tone, a collection of tones, or a flag.
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Digital data in error protected packets is used to modulate a carrier and the modulated carrier is impressed on a digital data
distribution network for transmission to a receiver over a transmission path. In order to monitor operation of the data distribution network,

data packet is transmitted over the transmission path to the receiver. A determination is made at the receiver whether the received data
packet is error free, and, if not, a message is transmitted from the receiver to the transmitter.

a transmission path segment that is to be tested and an error protected
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METHOD OF OPERATING A DIGITAL DATA DISTRIBUTION NETWORK

Background of the Invention

This invention relates to method of operating a digital
data distribution network.

In a conventional cable television system, a video
information signal in analog form, such as the NTSC composite
video signal, is employed to modulate the RF carrier of an
assigned RF transmission frequency channel at the system
headend and the RF signal is distributed over a cable network
to multiple subscriber nodes. At a subscriber node there may
be a cable-ready television receiver including a tuner which
can select the fregquency channel and a detector which
recovers the video information signal from the selected
channel and employs it to control operation of the television
display.

A data distribution system in which the information
signal is transmitted in digital form has well known
advantages over a system in which the information signal is
transmitted in analog form. Accordingly, it has been
proposed by the United States Federal Communications
Commission (FCC) that terrestrial transmission systems under
the jurisdiction of the FCC should phase ocut use of the NTSC
composite video signal by 2007 and should instead use digital
video information signals to modulate RF carriers. The
digital video information signal provided by a video signal
source will then be composed of a succession of bits
segregated into digital data packets. The data packets
modulate an RF carrier which is broadcast from the
transmitter. Each period of the RF carrier conveys several
bits of the digital information signal in one symbol. For
example, in the 64QAM modulation scheme, each symbol conveys
six bits of the digital information signal. The television
receiver selects the frequency channel, detects an analog
information signal, converts the detected information signal
to digital form and recovers the digital data packets. The
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digital information signal is then used to control operation
of the television display.

The change in standards from analog to digital for
terrestrial television transmigsion effectively dictates that
cable televisgsion systems will also have to provide digital
video signals in order for the video signals to be compatible
with digital television receivers.

Referring to FIG. 1, a digital cable television system
includes a digital processing interface 8 which receives a
digital video information signal, such as the MPEG transport
stream, and generates an error protected digital signal
composed of a succession of error protected digital signal
packets. The error protected digital signal is applied to a
modulator 10 which employs it to modulate an RF carrier which
is typically in the frequency range 50-550 MHz, although it
may be higher or lower. The digitally modulated RF carrier
is supplied to a transmitter 14 which impresses the signal on
a propagation medium 16. In the case of a cable television
system, the propagation medium is a network of coaxial cables
configured as a trunk extending from the transmitter 14 and
having numerous branches connected to the trunk by
directional couplers 18, sub-branches connected to the
branches by directional couplers, and so on, and connected at
the subscriber nodes to digital television receivers 20.

Each receiver 20 has a front end 22 including a tuner
(not shown) which converts the RF signal to intermediate
fregquency and an analog-to-digital converter (ADC) 26 which
digitizes the IF signal and provides a digital output signal
to a demodulator 30. The demodulator 30 removes the IF
component and provides a digital output signal, which,
ideally, should match the error protected digital signal
provided to the modulator 10. The receiver front end 22 also
includes a digital processing circuit 32 which carries out
the inverse of the error protection algorithm employed at the
headend and ideally provides at its output a digital video
information signal which matches the signal supplied to the
digital processing interface 8. The digital wvideo
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information signal from the digital processing circuit 32 is
supplied through a decoder (not shown) which the MPEG
transport stream and supplies an analog video signal to
display circuitry 34 to control operation of the television
display.

Error protection is employed in the digital cable
television system to allow correction of bit errors, i.e.
incorrect wvalues of digital 1 or digital 0, in the output
signal of the demodulator 30 caused by impairments in the
transmission path from the input of the modulator 10 to the
output of the demodulator 30.

Provided that the bit error rate is below a critical
value, known as the critical bit error rate and generally
considered to be about 10 for a digital television signal,
digital error correction techniques can correct the errors
and provide a signal having a bit error rate that may be less
than 107, which is sometimes referred to as qQuasi-error
free. The maximum bit error rate that can be tolerated is
considered to be about 107° before error correction.

Some video signals in a cable system are transmitted in
encrypted form in order to restrict their use to subscribers
who have paid an additional fee, either on a periodic basis
for premium channels or on a pay-per-view basig for
particular programs. In this case, the digital processing
interface 8 not only applies a digital error protection
algorithm but also encrypts the digital video information
signal, so that the digital data packets provided to the
modulator 10 are error protected and encrypted. In order to
decrypt the digital data packets and regenerate the analog
video signal, the subscriber is provided with a set top
terminal 40 which is connected between the cable system
connection and the display circuitry 34, by-passing the front
end 22. The set top terminal includes a tuner {(not shown) an
ADC 42, a demodulator 44 and a digital processing circuit 46,
performing the same general functions as the front end 22,
but the digital processing circuit 46 performs not only error

correction to recreate the digital signal applied to the
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modulator 10 but also decryption in order to extract the
digital wvideo information signal supplied to the digital
processing interface 8. It is expected that much of the
programming distributed by digital transmission cable systems
will be transmitted in encrypted form, so that a subscriber
will need a set top terminal, or egquivalent functionality
built into the television receiver, in order to display a
variety of programming.

The economic value of a cable television distribution
system resides in its ability to distribute video payload,
i.e. the program material that subscribers wish to view, to a
large number of subscribers without excessive degradation.
The system operator derivesg revenue based on the system’s
ability to distribute the video payload. Accordingly, it is
important that the system operator be warned of impairments
in the distribution system, so that these impairments can be
corrected before they adversely affect the ability of the
system to distribute video payvload and hence the revenue
derived by the system operator. The operator must therefore
be able to measure impairments in transmission gquality so
that appropriate repairs can be made. Typical impairments
that should be detected and repaired are reductions in
signal-to-noise ratio (SNR), e.g. due to noise being coupled
into the transmission channel, reductions in freguency
response, reductions in phase response, phase noise, jitter,
addition of interfering signals and addition of multipath
signals.

Hitherto, it has been suggested that the bit error rate
of an RF digital transmission system may be a satisfactory
measure of transmission channel quality, but this measure is
subject to disadvantage because an RF data distribution
system in which the information signal is digital is subject
to the "cliff effect," in that the curve that relates bit
error rate to the quality of the transmission channel,
expressed as signal-to-noise ratio, has a very steep drop
off. Thus, referring to FIG. 2, a change of less than 1.5 dB

in signal-to-noise ratio can cause the bit error rate to
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change from less than 10 to more than 10°. The curves shown
in FIG. 2 assume that the only impairment is noise when in
fact there will always be other impairments, which can make
the drop off even steeper. Accordingly, the system operator
is not alerted to impairment of the transmission guality of
the channel either by BER measurements or by a relatively
small increase in subscriber complaints. On the contrary,
the operator may not learn of an impairment until the system
fails. This makes it difficult to monitor the noise margin
in the system, to track degradations and fix degradations
before a system failure.

In a report issued by the European Telecommunications
Standards Institute (ETR 290: May 19%97), it is suggested that
the estimated noise margin'is a better indicator of
transmission channel quality than bit error rate. The
estimated noise margin is based on the probability of
mathematically added noise causing a bit error and is
approximately the difference between the current estimated
signal-to-noise ratio and the estimated signal-to-noise ratio
at which the bit error rate exceeds the critical bit error
rate. TUse of the estimated noise margin to identify
impairments is subject to disadvantage because it is
computationally expensive and is not applicable to
impairments other than noise. Further, its reliability is
limited because there is an unknown set of errors associated
with calculating the estimated noise margin. Since the
estimated noise margin is not the same as the actual noise
margin, there is a possibility that the current signal-to-
noise ratio is substantially less than the estimated signal-
to-noise ratioc, and consequently the actual noise margin may
be substantially less than the estimated noise margin. It
would therefore be desirable to determine the actual noise

margin of the transmission channel.

Summary of the Invention
In accordance with a first aspect c¢f the invention there

is provided a method of operating a digital data distribution
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network having a transmitter and a receiver, wherein digital
data is transmitted in error protected packets from the
transmitter to the receiver over a transmission path by
employing the digital data to modulate at least one carrier
and impressing the modulated carrier on the network, said
method comprising (a) generating an error protected data
packet for transmission over the transmission path, (b)
impairing the transmission path to a selected extent upstream
of a transmission path segment that is to be tested, (c)
transmitting the data packet over the transmission path, (d)
receiving the data packet at the receiver, and (e)
determining whether the received data packet is error free.

In accordance with a second aspect of the invention
there is provided a method of operating a digital data
distribution network having a transmitter and a receiver,
wherein digital data is transmitted in error protected
packets from the transmitter to the receiver over a
transmission path by employving the digital data to modulate
at least one carrier and impressing the modulated carrier on
the network, said method comprising (a) generating an error
protected data packet for transmission over the transmission
path, (b) transmitting the data packet over the transmission
path as an analog signal, (c¢) receiving the analog signal at
the receiver, (d) recording the analog signal received at the
receiver, and (e) transmitting the record of the analog
signal to a remote location for analysis.

In accordance with a third aspect of the invention there
is provided a method of operating a digital data distribution
network having a transmitter and a receiver, wherein digital
data is transmitted in error protected packets from the
transmitter to the receiver over a transmission path by
employing the digital data to modulate at least one carrier
and impressing the modulated carrier on the network, said
method comprising generating an error protected data packet
for transmission over the transmission path, impairing the
transmission path to a selected extent upstream of a

transmission path segment that is to be tested, transmitting
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the data packet over the transmission path, receiving the
data packet at the receiver, and counting bit errors in the
received data packet.

In accordance with a fourth aspect of the invention
there is provided a method of operating a digital data
distribution network having a transmitter and a receiver,
wherein digital data is transmitted in error protected
packets from the transmitter to the receiver over a
transmission path by employing the digital data to modulate a
carrier and impressing the modulated carrier on the network,
said method comprising (a) generating an error protected data
packet for transmission over the transmission path, (b)
impairing the transmission path to a selected extent upstream
of a transmission path segment that is to be tested, (c)
transmitting the data packet over the transmission path as an
analog signal, and (d) receiving the analog signal at the

receiver.

Brief Description of the Drawings

For a better understanding of the invention, and to show
how the same may be carried into effect, reference will now
be made, by way of example, to the accompanying drawings, in
which

FIG. 1 is a partial schematic block diagram of a
proposed form of cable television system,

FIG. 2 is a graph illustrating bit errcor rate as a
function of signal-to-noise ratio in a digital data
communication system.

FIG. 3 is a partial schematic block diagram of the
headend and receiver in a cable television system embodying
the present invention,

FIG. 4 1is a map of part of a cable television system,
and

FIG. 5 is a partial schematic block diagram of a digital

subscriber line system.
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Detailed Description

A first application of the invention will be described
with reference to a digital cable television system.

The cable TV system shown in FIGS. 3 and 4 is used to
distribute digital video information signals from a headend
48 to subscriber nodes 50. Referring to FIG. 3, the headend
48 includes a digital processing interface 8, a modulator 10
and a transmitter 14 similar to the corresponding elements
shown in FIG. 1. The digital processing interface receives
the MPEG 2 transport stream and performs various operations,
including energy dispersal, error protection, interleaving
and base band shaping in order to generate inphase and
gquadrature signals which are applied to the modulator 10.
All the functions of the digital processing interface, and
possibly also the functions of the modulator, may be
performed in a single integrated circuit. In addition, the
headend 48 includes an impairments generator 60. The
impairments generator 60 may be located between the
transmitter 14 and the cable network 16, as shown in FIG. 3,
or it may be incorporated in the digital processing interface
8 or the modulator 10. The effect of the impairments
generator 60 is to degrade to a selectively controllable
extent the quality of the transmission path between the
digital processing interface 8 and the subscriber nodes 50.
The impairments generator may function by adding noise to the
transmission channel or degrading the fregquency response or
phase response of the transmission channel. Further, the
impairments generator may introduce "spurs" (spurious
modulation products) and phase noise or jitter. The manner
in which the impairments can be applied to the transmission
channel is well known to those skilled in the art.
Considering, for example, the signal-to-noise ratio, the
quality of the channel may be degraded at the headend using
an impairments generator that couples noise into the
transmission channel. The extent to which the signal-to-
noise ratio is degraded depends on the amplitude of the

noise.
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As shown in FIG. 4, the cable network 16 includes a
trunk extending from the headend 48. Branches and sub-
branches are connected to the trunk by directional couplers
18. Each subscriber node 50 is at the end of a branch or
sub-branch. The cable system operator maintains a map of the
cable network, showing schematically the topology of the path
to each subscriber node 50. At each active subscriber node
50, there is a diagnostic cable receiver 64 (FIG. 3)
connected between the cable network and the display circuitry
34 of the subscriber’s digital television receiver. The
cable receiver 64 may be implemented as a set top terminal or
it may be housed in the same cabinet as the digital
television receiver. Each cable receiver has a unigque ID and
the cable system operator maintains a database relating cable
receiver IDs with the subscriber nodes and billing addresses.

If the database also relates the cable receiver IDs with
physical addresses, the system operator is able to determine
not only the physical location of each cable receiver but
also the topology of the path between the headend and each
cable receiver.

Referring to FIG. 3, the cable receiver 64 includes a
tuner (not shown) for converting the received signal to the
intermediate frequency, an ADC 66, a demodulator 68, a
digital processing circuit 70 and a decoder (not shown),
similarly to the set top terminal 40 described with reference
to FIG. 1. A controller 74 included in the cable receiver
controls operation of the other components of the cable
receiver 64.

The capabilities of the digital processing circuit 70
are expanded relative to those of the digital processing
circuit 46. The digital processing circuit 70 has a video
data output for supplying the MPEG trangport stream to the
decoder, which supplies an analog video signal to the display
circuitry 34 of the digital television receiver. The digital
processing circuit 70 includes an error bits counter which
accumulates the number of error bits in the received signal.

The error bits counter can be queried by the controller 74
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and reset from time to time, so that the controller is able
to calculate the bit error rate based on the error bit count
and the time that has elapsed since the counter was reset.
The controller 74 supplies a digital data word representing
the calculated value of the bit error rate to a digital
processing interface 76, which produces an error protected
data packet.

The cable receiver 64 alsc includes a memory 80 which
can be enabled to store the output signal of the ADC 66
during a selected interval. The stored digital signal is
applied to the digital processing interface 76 to generate an
error protected data packet. The error protected data packet
produced by the digital processing circuit 76, either from
the bit error rate word or from the signal provided by the
memory 80, is supplied to a modulator 82. The mcdulator 82
uses the error protected data packet to modulate an RF
carrier, typically at a frequency in the range 5-50 MHz,
although it may be higher or lower. The modulated RF sgignal
is applied to a transmitter 84 which impresses the signal on
the cable network.

The headend 48 of the cable system also includes a
receiver 90 for receiving the return messages provided by the
transmitter 84 in each of the cable receivers 64. The
receiver 90 includes a tuner (not shown), an ADC 92 which
digitizes the return message signal, a demodulator 94 which
removes the IF component and provides a digital output signal
which, ideally, should match the error protected return
message packet provided by the digital processing interface
76, a digital processing circuit 96 which carries out the
inverse of the error protection algorithm emploved in the
digital processing interface 76 and ideally provides at its
output a data signal which matches the input signal provided
to the digital processing interface 76, and a report/display
device 98. It will be understood that the headend includes a
controller {(not shown) for controlling operatiocn of the

various components thereof.
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In a first mode of operation of the cable television
system shown in FIG. 3, the system is used to measure the bit
error rate of the transmission channel to each of the
subscriber nodes. In this mode of operation, the headend
controller issues a signal which is transmitted to the cable
receivers, instructing the cable receivers to calculate bit
error rate during a selected measurement interval, which may
be defined by reference to start and stop flags included in
the data stream or by reference to specific start and stop
times supplied to the cable receivers by the headend.

During the measurement interval, the controller 74
calculates the bit error rate and provides an output word
representative thereof. The calculated bit error rate is
reported back to the headend with the cable receiver ID and a
report or display i1s generated. The report/display device
may accumulate information received from numerous cable
receivers 64 and generate a report or display showing trends
in bit error rate with time.

Alternatively, or in addition, the report/display device
may generate a report or display showing bit error rate as a
function of the locations of the cable receivers in the cable
network, for example. The system operator is thereby able to
determine, on a node-by-node basis, the bit error rates of
the signal propagation paths between the transmitter 14 and
the subscriber nodes. By comparing the bit error rates
reported by different cable receivers, the cable system
operator may be able to determine the location in the cable
network of a particular impairment. For example, referring
to FIG. 4, if the cable receivers at nodes 50C and 50D have
poor transmission margin compared to the terminals at nodes
50A, 50B, S50E and 50F, indicated by high bit error rate, then
it is likely that there is an impairment between the
directional couplers 18, and 18, ;.

It will be appreciated that a test of this nature will
generate a response message from each cable receiver, and

accordingly it may be advantageous to instruct only selected
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cable receivers to calculate the bit error rate and provide
return messages.

As noted previously, the bit error rate of the
propagation path may be of limited value for monitoring
degradation of the transmission quality, and it may be better
to measure noise margin.

In order to measure the noise margin, i.e. the
difference between the current gsignal-to-noise ratioc and the
SNR at which the bit error rate exceeds the critical bit
error rate, the headend controller instructs the cable
receivers (or a selected group of cable receivers) to report
when the bit error rate calculated by the controller 74
exceeds the critical bit error rate. The headend controller
operates the impairments generator 60 to add a noise
impairment to the signal emitted by the transmitter. The
noise amplitude is progressively increased, for example in
stair-step fashion. In each of the cable receivers addressed
by the headend controller, the controller 74 provides an
output indicating the bit error rate. When the bit error
rate at a given cable receiver 64 without addition of the
noise impairment is sufficiently low, and the bit error rate
with addition of the noise impairment exceeds the critical
bit error rate, the level of impairment introduced by the
impairments generator is approximately eqgual to the noise
margin for the transmission chamnnel from the transmitter 14
to that cable receiver. (If the impairments generator were
upstream of the transmitter, the level of impairment
introduced by the impairments generator would be related to
the noise margin for the segment of the transmission path
between the impairments generator and the cable receiver.)
The cable receiver reports that the critical bit error rate
has been exceeded, and includes its ID in the report. The
cable system operator is thereby able to determine the noise
margin to critical bit error rate on a node-by-node basis by
correlating the cable receiver IDs with the level of
impairment at which each cable receiver provides a report.

It is, of course, necessary to correlate the report that the
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critical bit error rate has been exceeded with the noise
level at which the report was generated. This may be
accomplished by including framing bits in the signal
transmitted by the head end in the event that the cable
receiver reports immediately that the critical bit error rate
has been exceeded. Alternatively, the headend controller may
maintain a log recording level of impairment as a function of
time and the report could include a time stamp indicating the
time at which the critical bit error rate was exceeded.

It may be helpful in locating system impairments in the
system shown in FIG. 3, to apply an impairment to the
transmigssion channel and observe the effect of that
impairment at multiple locations simultaneously.

If there 1is an impairment in the trunk of the cable
network or in a major branch, it isgs likely that many cable
receivers will respond to the stair-step type of impairment
and the reverse transmission system would become jammed by
the message storm. This can be avoided by testing all cable
receivers at relatively short intervals, with a small level
of impairment. Appropriate selection of the level of
impairment should ensure that relatively few cable receivers
will report a malfunction or failure condition. If this
indeed occurs, the operator then has confidence that the
transmission channel has a reasonable margin. If there is an
unexpectedly large number of return messages, the headend
controller may broadcast a message to all cable receivers
instructing them not to send error information but to reset
and measure again. The headend then repeats the test with a
lower level of impairment in order to locate the regions of
the network for which the noise margin is smallest. At
longer intervals, e.g. daily or monthly, the operator tests
all cable receivers with a stair-step segquence of impairments
preceded by a message that the cable receivers should report
the result of the test only when polled. The headend then
polls the cable receivers and the cable receivers respond to
the poll by reporting the actual transmission margin. The

polling is best done during an idle period, so as not to
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interfere with revenue generating transmissions. Since the
transmission margin from the headend to each cable receiver
can be inexpensively monitored, the problem of locating an
impairment in the cable network is greatly simplified.

If multiple impairments exist, it can be difficult to
locate the impairment responsible for a failure condition.
For example, referring to FIG. 4, the reduction in
transmission margin downstream of an impairment in cable
segment 102 may be guite small and may be swamped by another
impairment upstream in the system, e.g. in cable segment 104.
Alternatively, two different impairments, e.g. in cable
segments 102 and 106, may cause sgimilar reductions in
transmission margin, thus leading to the erroneous conclusion
that there is a single impairment in a branch that is common
to the nodes 50C and 50E, e.g. cable segment 104. If the
impairments are of different types, e.g. noise and jitter,
this problem can be solved by classifying the impairments.

In order to classify impairments, it is necessary to
observe the effect of the impairments on symbols, as opposed
to the bits used to encode the symbols.

Impairments can be classified by comparing the waveform
of the signal received at the subscriber node with the
waveform of the transmitted signal.

This is accomplished by using the memory 80 to capture
the digital output signal of the ADC 66 during a test
interval and transmitting the captured waveform back to the
headend. The digital processing circuit 96 provides an
output signal that matches the captured portion of the output
signal of the ADC 66 and can be compared with the output
signal of the transmitter 14 during the corresponding time
interval, so that the effect of the impairments on symbols
can be determined.

Alternatively, the captured sample of the waveform can
be analyzed locally using a measurement instrument.

There are several ways in which impairments can be
classified. One technigque is to derive the error vector

waveform and extract the spectrum of the error wvector. The

Page 724 of 849



10

15

20

25

30

35

WO 99/26375 15 PCT/US98/23336

presence of various impairments, such as noise, coherent
distortions and spurious modulation products, can be deduced
from the spectrum of the error vector. Amplitude and phase
modulation impairments can be deduced from the Hilbert
Transform of the error vector waveform.

The error vector waveform is derived by subtracting the
signal received at the input of the cable receiver from the
transmitted signal. Typically, the cable receiver will
include an equalizer downstream of the ADC, often as part of
the demodulator. If the equalizer is upstream of the point
at which the received signal is read for storing in the
memory 80, it affects the timing of the received signal and
its effect must be removed in order for the received signal
waveform to reflect the condition of the transmission path.
This can be accomplished by using the equalizer coefficients
to create a digital filter having a transfer function that is
the inverse of the transfer function of the equalizer. The
error vector waveform is then generated by subtracting the
ocutput waveform of the digital filter from the transmitted
waveform.

Once the impairments have been classified, a particular
existing system impairment is chosen for testing. The chosen
impairment might be the impairment suspected of most likely
causing a reduced transmission margin. The impairments
generator then adds this impairment, at a sufficient level
that the combined effect of the existing system impairment
and the added impairment will be greater than the level
previously detected for the existing impairment. Since the
normal cable receiver is not calibrated for level, and there
is a potential for destructive interference between the
existing system impairment and the added impairment, the new
aggregate level of impairment is best measured by repeating
the recording and classification process and determining by
how much the level of impairment has changed. If addition of
this impairment causes a system failure report from the cable

receiver at one subscriber node but not from the cable
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receiver at another node, it can be inferred that the two
nodes are affected by different impairments.

If multiple similar impairments exist simultaneously,
the impairments cannot be separated by classification and the
problem of locating the impairments is more complex.

However, if several of the diagnostic cable receivers are
instructed to record the received waveform simultaneously,
signal processing of the digitized waveforms can be used to
extract the separate locations of the multiple similar
impairments. The cable receivers can be made to measure
simultaneously by means of two mechanisms. In accordance
with the first mechanism, a protocol that instructs all cable
receivers (possibly just all unused cable receivers or just
selected cable receivers) to tune to a particular channel and
stop recording when the end of a particular data packet is
received can be broadcast to all (or some) cable receivers.
This method can provide robust, but relatively coarse,
timing. More precise time correlation can be achieved by
inserting a time mark in the broadcast waveform, and suitable
signal processing can then be used to align the received
waveforms with the broadcast waveform. The time mark may be
inserted by transmitting a message such that there will be a
transition through a selected signal level, e.g. zero volts,
at a selected time, typically late in a packet.

One way of extracting the separate locations of multiple
impairments has two steps. First, the error vector waveform
for each subscriber node is generated by subtracting the
transmitted waveform from the waveform received at each node.
Second, the cross-correlation function cev (X, Y) of the
error vector waveforms for two subscriber nodes 50X and 50Y
is derived. Error vectors that are common to the two nodes
are revealed by the c¢ross-correlation function. When
computing the cross-correlation functions along the logical
path of the network from an end point (such as a subscriber
node) toward the transmitter, the location of the impairment
can be determined when the value of the cross-correlation

function becomes smaller. For example, referring again to
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FIG. 4, and assuming that cev (E, F) indicates a common
impairment and cev (A, F) indicates that the common
impairment is missing, there must be an impairment between
the logical locations of nodes 50A and 50E in the
transmission path to node 50F. If cev (C, F) indicates a
common impairment, the impairment must be between the nodes
50A and 50C. Since the only part of the network between
nodes 50A and 50C that is in the transmission path to node
50F is the segment between the coupler 18, and the coupler
18,, the impairment must be located there.

As a second example, 1f cev (C, D) indicates a common
impairment and cev (A, D) indicates that the common
impairment is missing, there must be an impairment logically
located between node 50A and the coupler 18, .. This implies
that the impairment must be located between the directional
coupler 18, and the coupler 18, ;. If cev (D, E) indicates
that the common impairment is missing, the impairment is not
between directional coupler 18, and the directional coupler
18,, and so the impalrment must be between the directional
coupler 18, and the coupler 18, ;.

It is necessary to carry out the tests using the
impairments generator with minimal disturbance to the revenue
generating communication traffic. This is accomplished by
adding the impairments only to selected packets or segments
of data having a relatively low value with respect to the
revenue generating communication traffic.

Most digital video transmission systems utilize the MPEG
transport stream. The MPEG transport stream is composed of
several MPEG elementary streams which are multiplexed to
produce the MPEG transport stream. Stuffing bits are
inserted in order to create the constant bit rate MPEG
transport stream. It is important that the impairment should
degrade only the stuffing bits or other non-customer (i.e.
non-payload) bits. Since the impairments are added in the
analog domain (in the case of the impairments generator being
downstream of the transmitter), the impairments are applied

to the transmitted symbols, in which several bits are
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encoded. Interleaving in constructing the transmitted data
stream may result in a symbol containing bits derived from
multiple elementary streams. Accordingly, it is necessary to
detect when a symbol consists entirely of non-customer bits
and degrade only those symbols. The cable receiver 64 can be
instructed to pick out a degraded symbol by including a
private data message in the MPEG transport stream. The
message might, for example, instruct the cable receiver to
pick out a numerically specified symbol after the next sync
byte after the Program Clock Reference for a specified
Program ID. It will be appreciated that the impairments
could be added in the digital domain, e.g. in the digital
processing interface 8. In this case, while the impairments
are added in the digital domain, they are nevertheless a
description of the desired analog waveform, so the
impairments are of an analog nature.

An alternative is to include the impairment at a time
when all of the payload bits are of relatively low perceived
value. For example, the operator might include a special
announcement simultaneously on all of the program streams
contained in a single transmitted channel. The time of
transmission of this announcement is chosen so that the
balance between the loss of advertising revenue and the
benefit of announcing the quality enhancement efforts is
optimized. The announcement might indicate that the system
operator is testing the network to ensure that subscribers
receive the best possible guality, and thereby has some
value. In either case, it is necessary to ensure that the
symbol that is degraded does not contain customer bits or
that the probability of causing an uncorrectable error is
acceptably low.

A cable television network may be used to provide
bidirectional voice communication, similarly to the public
telephone network. In this case, the subscriber’s telephone
instrument is not connected to the public telephone network
but is connected through a suitable adapter toc the televisgion

cable network. The adapter digitizes the subscriber’s
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outgoing voice message and employs it to modulate a carrier,
and similarly detects and converts to analog form an incoming
digitized voice message. The headend is connected to the
telephone instrument of the other party to the call through
another network, which might be the public telephone network
or include another cable distribution system. In either
case, voice messages are transmitted bidirectionally between
the subscriber node and the headend over the cable network by
digitizing the voice messages and modulating a carrier with
the digitized voice messages. The test method described
herein can be used for testing a transmission channel used
for voice transmission by providing a diagnostic function in
the equipment at the subscriber node. The diagnostic
function may be added to the functions performed in the
subscriber’s telephone/cable adapter or may alternatively be
provided by a separate diagnostic receiver.

Bidirectional voice transmissions tend to be bursty, but
excessive latency in response may be objectionable to the
user. Accordingly, test packets should only be used during
transmission if they are short enough that they will not
cause excessive latency. Alternatively, since voice
transmissions tend to be relatively short and have a protocol
for starting and finishing each transmission session, test
packets may be sent when setting up a call, tearing down a
call, or during idle times.

FIG. 5 illustrates schematically a public telephone
network including a node 110, such as a central office or
fiber node, and subscriber lines 114 extending from the
central node 110 to respective subscriber nodes 118. Analog
voice traffic may be carried on the lineg 114. Digital data
may alsoc be transmitted over the subscriber lines. For
example, the central node may be connected to an internet
service provider and provide for data transmission between a
subscriber node and the ISP. In accordance with an xDSL
protocol, such as ADSL (asynchronous digital subscriber
line), the digital data is used to modulate one or more

carriers, each having a frequency outside the audioc range and
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the digital data can then be transmitted concurrently with
the analog voice traffic. 1In this case, the central node
includes an xDSL transceiver and the subscriber node also
includes an xDSL transceiver, for transmitting data between
the central node and the subscriber node using the ADSL
protocol.

The invention may be used to test the subscriber lines
114 to ensure that the digital data can be transmitted error
free. At the subscriber node, the xDSL transceiver includes,
or is provided with, a diagnostic receiver which operates
similarly to the diagnostic cable receiver illustrated in
FIG. 3. This provides a technigue for detecting impairments
in the transmigsion channel from the central node to
individual subscriber nodes before the transmission channel
is degraded to such an extent that error protected data
packets cannot be recovered at the subscriber node. The
other functions described with reference to FIGS. 3 and 4,
such as transmiggsion of messages to a central location and
remote classification of impairments, apply to the system
described with reference to FIG. 5.

In the case of data transmission, it is much simpler to
include impaired packets in the transmission because data
transmissions are usually bursty. By using a broadcast
protocol, many subscriber lines can be tested in parallel by
sending test packets to all subscriber nodes simultaneously.
When testing an individual subscriber line, it is necessary
to control operation of the impairments generator to ensure
that the packet address will not be impaired, so that the
subscriber node can correctly identify a packet intended for
it. Rather, only the data inside the packet should be
impaired.

It will be appreciated that the invention is not
restricted to the particular embodiments that have been
described, and that variations may be made therein without
departing from the scope of the invention as defined in the
appended claims and equivalents thereof. For example,

although the description of FIGS. 3 and 4 refers to the
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return path from the subscriber node 50 to the headend 48 as
being the cable that is used for transmission from the
headend to the subscriber node, it may instead be implemented
by another medium, such as the public switched telephone

network.
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Claims

1. A method of operating a digital data distribution
network having a transmitter and a receiver, wherein digital
data is transmitted in error protected packets from the
transmitter to the receiver over a transmission path by
employing the digital data to modulate at least one carrier
and impressing the modulated carrier on the network, said
method comprising:

(a) generating an error protected data packet for
transmission over the transmission path,

(b) impairing the transmission path to a selected extent
upstream of a transmission path segment that is to be tested,

(¢) transmitting the data packet over the transmission
path,

(d) receiving the data packet at the receiver, and

(e) determining whether the received data packet is

error free.

2. A method according to c¢laim 1, further comprising,
if the transmission path is not error free, transmitting a

message from the receiver to the transmitter.

3. A method according to claim 1, wherein step (c¢)
comprises progressively increasing the extent to which the

transmission path is impaired.

4. A method according to claim 1, wherein the network
has a plurality of receivers and digital data is transmitted
to the receivers over regpective transmission paths, step (b)
comprises transmitting the data packet to the receivers over
the respective transmission paths, step (d) comprises
receiving the data packet at each receiver, and step (e)
comprises determining at each receiver whether the received

data packet 1s error free.

5. A method according to claim 4, further comprising,

if the transmission path to a selected receiver is not error
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free, transmitting a message from the selected receiver to
the transmitter, and analyzing messages received at the

transmitter.

6. A method according to claim 4, wherein the method
comprises detecting receivers that report higher than average
error rates and comparing the transmission paths to the
respective receivers in a manner such as to derive
information from the receivers that report higher than

average error rates.

7. A method according toc claim 4, wherein step (c)
compriges progressively increasing the extent to which the
transmission path is impaired and the method further
comprises:

transmitting a message from a receiver to the
transmitter if the transmission path to that receiver is not
error free, and

correlating messages received at the transmitter with

the extent to which the transmission path is impaired.

8. A method of operating a digital data distribution
network having a transmitter and a receiver, wherein digital
data is transmitted in error protected packets from the
transmitter to the receiver over a transmission path by
employing the digital data to modulate at least one carrier
and impressing the modulated carrier on the network, said
method comprising:

{(a) generating an error protected data packet for
transmission over the transmission path,

(b) transmitting the data packet over the transmission
path as an analog signal,

(c) receiving the analog signal at the receiver,

(d) recording the analog signal received at the
receiver, and

(e) transmitting the record of the analog signal to a

remote location for analysis.
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9. A method according to claim 8, wherein step (e)
comprises transmitting the record of the analog signal to the

transmitter for analysis.

10. A method according to claim 8, wherein step (d4)
comprises digitizing the analog signal and the method further
comprises deriving digital data from the digitized signal,
forming a data packet from the digital data derived from the
digitized signal, transmitting the data packet to the
transmitter as an analog signal, digitizing the analog signal
received at the transmitter, and processing the digitized

signal at the transmitter.

11. A method according to claim 10, wherein the step of
processing the digitized signal at the transmitter comprises
deriving the error vector waveform for the transmission path

to the receiver.

12. A method according to claim 8, wherein the network
has a plurality of receivers and digital data is transmitted
to the receivers over respective transmission paths, step (d)
comprises digitizing the analog signal at each receiver, and
the method further comprises deriving digital data from the
digitized signal at each receiver, forming data packets at
the respective receivers from the digital data derived from
the digitized signal at each receiver, transmitting the data
packets to the transmitter as analog signals, digitizing the
analog signals received at the transmitter, and processing
the digitized signals at the transmitter, and the step of
processing the digitized signal at the transmitter comprises
deriving the error vector waveforms for the transmission
paths to at least first and second receivers and deriving the
correlated error vector function for the transmission paths

to the first and second receivers.

13. A method according to claim 8, wherein the network

has a plurality of receivers and digital data is transmitted
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to the receivers over respective transmission paths, and the
method comprises deriving digital data from the digitized
signal at each receiver, transmitting the digital data to the
transmitter, and analyzing data received from multiple
receivers to extract the locations of uncorrelated

impairments.

14. A method according to claim 8, comprising
processing the digitized signal to classify an impairment in
the transmigsion path and testing the transmission margin of
the transmission path with respect to the impairment by

impairing the transmission path using that impairment.

15. A method according to claim 8, further comprising
impairing the transmission path to a selected extent upstream

of a transmission path segment to be tested.

16. A method of operating a digital data distribution
network having a transmitter and a receiver, wherein digital
data is transmitted in error protected packets from the
transmitter to the receiver over a transmission path by
employing the digital data to modulate at least one carrier
and impressing the modulated carrier on the network, said
method comprising:

generating an error protected data packet for
transmission over the transmission path,

impairing the transmission path to a selected extent
upstream of a transmission path segment that is to be tested,

transmitting the data packet over the transmission path,

receiving the data packet at the receiver, and

counting bit errors in the received data packet.

17. A method of operating a digital data distribution
network having a transmitter and a receiver, wherein digital
data is transmitted in error protected packets from the
transmitter tc the receiver over a transmission path by

employing the digital data to modulate a carrier and
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impressing the modulated carrier on the network, said method
comprising:

(a) generating an error protected data packet for
transmission over the transmission path,

(b) impairing the transmission path to a selected extent
upstream of a transmission path segment that is to be tested,

(¢) transmitting the data packet over the transmission
path as an analog signal, and

(d) receiving the analog signal at the receiver.

18. A method according to claim 17, wherein the step of
impairing the transmission path comprises impairing the

transmission path by reducing its signal-to-noise ratio.

19. A method according to claim 17, wherein the step of
impairing the transmission path comprises impairing the

transmission path by reducing its fregquency response.

20. A method according to claim 17, wherein the step of
impairing the transmission path comprises impairing the

transmission path by reducing its phase response.

21. A method according to claim 17, wherein the step of
impairing the transmission path comprises impairing the

transmission path by reducing its impulse response.
22. A method according to claim 17, wherein the step of

impairing the transmission path comprises impairing the

transmission path by introducing phase noise or jitter.
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METHOD AND APPARATUS FOR
DIGITAL SUBSCRIBER LOOP QUALIFICATION

The present invention relates to digital subscriber loop technology and, more
specifically, to the qualification of existing twisted pair copper loops for digital
subscriber loop service.

Background Art

Digital subscriber loop technology is the digital encoding of all information
transmitted on the local loop, i.e., the connection between a customer’s premises
(home, office, etc.) and a telecommunications provider’s central office serving the
customer’s premises. Most existing local loops in the United States and throughout
the world are twisted pair copper loops, originally designed for analog service, or
plain old telephone service (POTS). With digital subscriber loop technology, high
speed access to the Internet, advanced telephony functions, and multimedia services
is possible over the twisted pair copper access network. Digital subscriber systems
can provide data from speeds of 64 kb/second in both upstream and downstream
directions to over 10 Mb/second in a single direction. Digital subscriber loop
technology, often referred to as “xDSL” where x stands for any of a number of
letters, includes the following:

ADSL, Asymmetric Digital Subscriber Loop

VDSL, Very High-Speed Digital Subscriber Loop

HDSL, High Data Rate Digital Subscriber Loop

SDSL, Symmetric Digital Subscriber Loop

IDSL, ISDN-based Digital Subscriber Loop

RADSL, Rate Adaptive Digital Subscriber Loop

ISDN, Integrated Digital Service Network
Some of these digital subscriber loop technologies (e.g., HDSL, ISDN, and in
particular ADSL) have been standardized by various standards bodies with respect
to modulation format, bandwidth, and embedded operations channels, while others

have not been standardized and are available from different vendors in a wide
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variety of modulation formats, upstream/downstream bandwidths, and operation
channels.

As illustrated in Figure 1, digital subscriber loop technology consists of two
terminal endpoints (TEs) 10 and 20, which provide conversion, modulation,
transmission, and reception of data, and copper loop 30 connecting TEs 10 and 20.
TE 10 is typically owned and operated by the service provider, while TE 20 is
typically at the customer’s premises. In the United States, TE 20 is typically owned
or rented by the customer, while in most other parts of the world TE 20 is typically
owned and operated by the service provider. In addition, the digital subscriber loop
topology can include terminal equipment, such as a repeater, between the two
terminal endpoints to provide additional network flexibility or to boost signal
strength and transmission distances. For example, Figure 2 illustrates network
terminal 70 in copper loop 60 between TEs 40 and 50.

Digital subscriber loop services, however, cannot be carried over all twisted
pair copper loops that support POTS service. The various digital subscriber loop
technologies have complex (real and imaginary) signal attenuation restrictions that
depend upon downstream (to the customer) and upstream (from the customer)
bandwidth, modulation format, and receiver sensitivity for a particular chip set used
by a vendor terminal endpoint equipment. Signal attenuation itself depends on
several factors, including the length and gauge of the copper wires contained in the
loop, the environment in which the copper wires are placed (including temperature
variations), and the quality of connections {e.g., splices and terminal connections)
that attach the different sections of wire contained in a given loop. Digital
subscriber loop technologies also have restrictions on loop topology, such as the
position and number of bridge taps and load coils, and restrictions on services
provided in adjacent copper pairs in the same binder group (i.e., a group of twisted
pairs bundled together) because of crosstalk between pairs and overlapping
frequency spectrums.

Figure 3 illustrates a typical copper loop between central office (CO) 80 and
terminal endpoint 82, made up of several different lengths of wire of different

gauges spliced together. One leg of the loop terminates at terminal endpoint 82,
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while two other legs arc unterminated, resulting in bridge taps 84 and 86. The loop
in Figure 3 also includes two load coils, 88 and 90, as well as cross connect 92.

As an example of loop topology requirements, a loop is restricted to less than
approximately 5.25 km of 24 gauge wire when the digital service is provided at the
rate of 1.5 Mb/second downstream and 80 kb/second upstream for a commonly
available chip sent that uses carrierless amplitude phase (CAP) modulation for
ADSL. For this modulation format and bandwidth allocation, if there is an analog
carrier POTS service in the same wire binder group, the ADSL modulation will
interfere with the analog carrier, effectively destroying the POTS service. Similarly,
if there is a T1 carrier system in the same wire binder group, the T1 service will
interfere with the ADSL modulation, nullifying the digital subscriber service, but
typically not affecting the T1 service. The number of copper pairs and the potential
for crosstalk in a binder group depends on the type and manufacturer of the copper
cable.

Today, when a customer wishes to order a digital subscriber loop service, the
local telecommunications service provider must determine whether the customer’s
existing twisted pair copper loop can support the requested digital subscriber loop
service at the desired bandwidth. This can be a difficult and time-consuming task to
perform manually because of the many restrictions on loop topology and services
just described. All necessary data may not be available to a person trying to qualify
a loop for digital subscriber loop services, particularly because telecommunications
providers often have data in many different databases or stored in paper records.
Even if data is available, data concerning outside plant information such as loop
length and topology is often out of date. Also, certain metallic loop electrical data is
not stored in a database and can only be determined by a measurement or test
system.

It is desirable, therefore, to provide a system and methodology for
determining which digital subscriber loop technologies can be supported by a
particular twisted pair copper loop. It is more desirable to qualify a copper loop for
digital subscriber loop services on the basis of real-time electrical measurements as
well as records stored in telecommunications provider databases. It is even more

desirable to provide an automated system for digital subscriber loop qualification
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that economically determines which digital subscriber loop technologies can be

supported by a copper loop. It is also desirable to implement such a s
expert system containing a knowledge base of rules.

Disclosure of Invention

ystem as an

The present invention satisfies those desires by providing a system and

methodology for qualifying a twisted pair copper loop for digital subscriber loop

services. The system automatically queries telecommunications provider database

records and/or requests measurements from network switching equipment or testing

systems to obtain information regarding the twisted pair copper loop in question.

The system then determines which digital subscriber loop services are available for

the copper loop based on the combination of all information obtained.

A method consistent with the present invention for qualifying a twisted loop

pair for a digital subscriber service comprises the steps of receiving as input a

unique identifier corresponding to the loop, determining a topology corresponding to

the loop, and determining whether the loop meets topology restrictions of the digital

subscriber service. Another method consistent with the present invention comprises

the steps of receiving data corresponding to physical characteristics of the loop and

applying a plurality of rules to the data to determine whether the loop

is suitable for

the digital subscriber service. Other methods consistent determine whether electrical

characteristics of the loop meet restrictions of the digital subscriber service and

whether services provided on other cable pairs in the same binder group with the

loop are compatible with the digital subscriber service.

Systems are also provided for carrying out the methodologies of the present

invention.

The advantages accruing to the present invention are numerous. A loop

qualification system and method consistent with the present invention

reduce the

time for determining which digital subscriber loop services a particular copper loop

supports from several hours to a few minutes. A system and method consistent with

the present invention also provide a substantially more accurate result,

in part

because they use real-time electrical measurements to determine many topological

characteristics of the copper loop.
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The above desires, and other desires, features, and advantages of the present
invention will be readily appreciated by one of ordinary skill in the art from the
following detailed description of the preferred implementations when taken in
connection with the accompanying drawings.

Brief Description of Drawings

Figure 1 illustrates digital subscriber loop technology connecting two
terminal endpoints;

Figure 2 illustrates digital subscriber loop technology with network terminal
equipment between two terminal endpoints;

Figure 3 illustrates a typical digital subscriber loop topology;

Figure 4 illustrates the architecture of a loop qualification system consistent
with the present invention; and

Figure 5 is a flow chart of a method for qualifying loops consistent with the
present invention.

Best Mode for Carrving Out the Invention

A system consistent with the present invention automatically qualifies
twisted pair copper loops for digital subscriber loop services. Generally, a method
for qualifying loops for digital subscriber loop services consistent with the present
invention includes at least four types of qualification:

N Service Availability: Is the point at which the copper loop terminates
equipped to provide the requested digital subscriber service?

(2) Length Qualification: Which digital subscriber loop services at which
bandwidths can be provided given the length of the loop?

3) Line Qualification: Is the loop physically suitable for use by a digital
subscriber loop technology? Is the service currently provisioned on the loop
compatible with digital subscriber loop service?

4) Are the services provided on the other twisted pairs in the same
binder group with the loop spectrally compatible with digital subscriber loop
services?

In order to answer these loop qualification questions, a system consistent
with the present invention combines results obtained from testing the copper loop,

results from queries of telecommunications provider database records, and
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information regarding the transmission and receiver characteristics of the digital
subscriber.

Figure 4 illustrates the architecture of a system for qualifying loops
consistent with the present invention, which may be implemented, for example, as
an expert system using a conventional client-server architecture known in the art.
The expert system is implemented in software residing on server 100 and performs
loop qualification by combining input from a number of information sources with
rules contained in knowledge base 105. Specifically, server 100 obtains information
from service availability database 110, topology database 120, facilities database
130, and metallic electrical test system 140. Databases 110, 120, and 130, and test
system 140 are typically owned and operated by the local telecommunications
provider. It will be recognized by one skilled in the art that each database shown in
Figure 4 may actually consist of several smaller databases or, alternatively, that
databases may be combined, since each telecommunications provider organizes its
data into databases in different ways. Server 100 interfaces to the databases and test
system via a suitable communications protocol such as IP or X.25, provided by
interfaces 112, 122, 132, and 142. Server 100 additionally includes software handler
modules for receiving and processing information obtained from databases 110, 120,
and 130, and test system 140.

Server 100 also receives information and test results directly from central
office switches in the local network, three of which are shown in Figure 4 as
switches 160, 170, and 180 for illustrative purposes. Server 100 is coupled to switch
server 150, which is coupled to switch queues 164, 174, and 184, corresponding to
switches 160, 170, and 180, respectively. Switch queues 164, 174, and 184 access
data from switches 160, 170, and 180 via interfaces 162, 172, and 182, respectively.
It will be recognized by one skilled in the art that switch server 150 need not be
separate from server 100.

Consistent with the present invention, a user may access server 100 through
either the graphical user interface of client 194, e.g., a World Wide Web-based
client, or character interface 190, e.g., a VT100 character interface. Regardless of
the interface used, a user will typically enter a unique number (e.g., a telephone

directory number (TDN) or an IP address) or identifier (e.g., a circuit identifier)
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associated with the copper loop for which qualification is desired. A system
consistent with the present invention also includes batch server 192, which allows
qualification of numerous loops to be performed in batch, and database server 196
for storing results in results database 198.

Figure 5 is a flow chart illustrating a method for qualifying loops for digital
subscriber loop services consistent with the present invention. Consistent with an
embodiment of the present invention, the method is performed by software residing
on server 100. The process begins by receiving as input a unique identifier
corresponding to the copper loop to be qualified for digital subscriber services (step
200). The unique identifier may be a telephone directory number (TDN) as shown
in Figure 5, or any other unique identifier such as an IP address or a circuit
identifier. Also, server 100 may receive the identifier from any input source,
including character interface 190 or web interface 194 (if a human user is accessing
the system through an interface) and batch server 192 (if several qualification
requests have been entered for batch processing). Most of the remaining steps in the
process use the unique loop identifier to retrieve information regarding the loop.

Once receiving a loop identifier, the qualification process continues by
determining whether digital subscriber loop services are available for the loop (step
210). Consistent with the present invention, the server makes this determination by
querying service availability database 110 to determine whether the local
telecommunications provider provides xDSL services from the office serving the
customer’s location. If xXDSL service is not available, loop qualification terminates.
If xDSL service is available, processing continues to step 220. In an alternate
method consistent with the present invention, the server may choose to continue the
loop qualification process although xDSL service is not available.

Next, the process determines whether the loop is on a working pair (step
220) by querying facilities database 130. Some measurement tests performed by a
loop gualification method consistent with the present invention require that the loop
be on a working pair. If the loop is not on a working pair, the server either
terminates loop qualification (as shown in Figure 5) or chooses to continue loop

qualification, although not all tests will be available for the loop. Alternatively, the
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loop may be temporarily assigned to line equipment and a test number so that loop
qualification may be performed.

If loop qualification continues, the server determines whether the current
service on the loop is compatible with xDSL service (step 230). For example, in the
United States the current service cannot be T1 or ISDN. Consistent with the present
invention, the server performs this step by querying facilities database 130. As
discussed above, it should be apparent to one skilled in the art that, although the
queries in steps 220 and 230 both access databases with information regarding
facilities, the facilities database shown in Figure 4 (database 130) may consist of
several smaller databases, so that the queries of steps 220 and 230 access two
different, smaller databases. If the current service is not compatible, loop
qualification ends. If the current service is compatible, then flow proceeds to several
data collection steps. In an alternate method consistent with the present invention,
the server may choose to continue the loop qualification process although the current
service is not compatible with xDSL service.

A method consistent with the present invention performs some or all of data
collection steps 240, 250, 260, and 270. These steps arc not necessarily performed
in a particular order, and some steps may be performed simultaneously. For
example, Figure 5 shows steps 240 and 250 being performed at the same time as
steps 260 and 270. Each of these steps involves obtaining information about the
loop to be qualified from a database or a test or measurement system in the network,
and all of the information obtained is used as input to step 280, which applies a
plurality of rules to the information to model the response of the network and
determine which digital subscriber services are available on the loop.

In step 240, the server queries topology database 120 using the unique loop
identifier {(e.g., TDN or IP address) to obtain a variety of loop topology data. In
particular, the server requests length and gauge of wire on the loop for each loop
segment, cable type, the location of load coils on the loop, and the location and
length of bridge taps on the loop. For example, the loop topology shown in Figure 3
is an example of data that may be obtained from topology database 120. As
described above, topology database 120 may consist of several smaller databases,

each of which contains different information. Step 240 may also include a query of
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a separate database (not shown in Figure 4) that stores recent measurements of the
loop length. This data may be more accurate than a topology database operated by
the telecommunications provider for storing many different types of loop topology
data.

Referring again to Figure 5, in step 250 the server queries facilities database
130 using the unique loop identifier to determine the services on other cable pairs in
the same binder group as the loop to be qualified. This information will be used in
step 280 to determine whether xDSL services are spectrally compatible with the
services on the other cable pairs in the binder so that crosstalk will not degrade
service quality.

In step 260, the server requests measurements from metallic electrical test
system 140, which is a remote test system such as 4TEL, manufactured by
Teradyne, Inc., or Mechanized Loop Test (MLT), manufactured by Lucent
Technologies. Consistent with the present invention, the server requests a measure
of loop length and/or loop capacitance, which can be converted to loop length using
a known mathematical relationship. The server also requests measures of
longitudinal balance and wideband and narrowband electrical ingress which will be
used in step 280 to determine the suitabitity of the loop for digital subscriber loop
services. As described earlier. tests in step 260 may not be performed if the loop is
not on a working pair.

In step 270, the server requests a load coil detection measurement to
determine if there are any load coils in the Joop. This measurement can be
performed at the end office switch at which the loop terminates (e.g., switch 160,
170, or 180 in Figure 4) or by metallic electrical test system 140. If the server
obtains the measurement from the switch, switch server 150 receives measurements
from queues 164, 174, and 184, and controls server 100’s access to switch
measurements. Examples of load coil detection measurements known in the art are
a swept frequency measurement and a time domain reflectometry measurement. As
descirbed earlier, tests in step 270 may not be performed if the loop is not on a
working pair.

All of the information obtained in steps 240, 250, 260, and 270 from

database queries and test and measurement systems is input to step 280. Consistent
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with the present invention, in step 280 an expert system resident on server 100
combines the results of steps 240, 250, 260, and 270 with a plurality of gualification
rules from knowledge base 105 and information on network equipment stored in a
database (not shown for the sake of clarity) to model the response of the network for
the various digital subscriber loop services available to the subscriber. The expert
system also determines, for each of the available digital subscriber loop services
(e.g., ADSL, VDSL, etc.), how much bandwidth can be supported in both upstream
and downstream directions.

Consistent with the present invention, the qualification rules in knowledge
base 105 are not limited to any particular set. The rules may range from the simple
(e.g., a loop with one or more load coils does not qualify for a digital subscriber loop
service) to the more complex (e.g., for a certain type of terminal equipment and a
particular digital subscriber loop service with given upstream and downstream
bandwidth, a combination of wire length and gauge limits can be calculated
according to mathematical relationships to satisfy given signal attenuation and/or bit
error rate requirements).

Consistent with the present invention, there may be a conflict between data
retrieved from a database and data measured in real-time using a measurement
system or test system. In such cases, knowledge base 105 can also include rules for
reconciling the differences. For example, if data retrieved from a database is known
not to have been updated recently. then a qualification method consistent with the
present invention would rely on measured data, which may be more accurate.

The ultimate output of a system consistent with the present invention is a list
of digital subscriber loop service packages that the loop can support. Fora
particular type of xDSL service (e.g., ADSL), there may be multiple packages, each
of which defines a different class of service, including upstream and downstream
bandwidth. For example, a loop may be able to support an ADSL package with
downstream/upstream bit rates of 640k/272k, but the same loop may not support
ADSL with bit rates of 640k/680k because of the loop length and topology.
Alternatively, a system consistent with the present invention may determine whether
a loop can support a specified digital subscriber loop service with given upstream

and downstream bandwidths. In this case, the system user may enter the service
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type and bandwidth desired. In addition to simply listing qualified services, the
system may provide the user with diagnostic information explaining why a particular
decision was reached.

It will be apparent to those skilled in this art that various modifications and
variations can be made to the loop qualification scheme of the present invention
without departing from the spirit and scope of the invention. Other embodiments of
the invention will be apparent to those skilled in this art from consideration of the
specification and practice of the invention disclosed herein. In particular, the
method is not limited to implementation in a client/server architecture or as an
expert system. Nor is the invention limited to the user interfaces described. For
example, a machine application program interface can provide access to the system
from another system or as part of a larger provisioning system. A method consistent
with the present invention can also be used to qualify loops for other services whose
qualification requires access to database and/or real-time measurements. It is
intended that the specification and examples be considered exemplary only, with the

true scope and spirit of the invention being indicated by the following claims.
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Claims

1. A method for qualifying a twisted pair loop for a digital subscriber
service having loop topology restrictions, the method comprising the steps of:

receiving a unique identifier corresponding to the loop;

identifying a topology corresponding to the identified loop; and

determining whether the identified loop meets the loop topology restrictions
of the digital subscriber service based on the identified topology.

2. The method of claim 1 further including the step of computing a
bandwidth that can be supported on the loop in response to the topology.

3. The method of claim 1 wherein the identifying step includes the
substeps of determining a length corresponding to the loop and determining a gauge
corresponding to the loop.

4. The method of claim 3 wherein the substep of determining a length

includes the substeps of requesting a capacitance measurement of the loop from a

metallic electrical testing system and converting the capacitance measurement into
the length.
S. The method of claim 3 wherein the substep of determining a length

includes the substep of requesting a length measurement from a metallic electrical
testing system.

6. The method of claim 3 wherein the substep of determining a length
includes the substep of querying a database containing a recent length measurement
of the loop.

7. The method of claim 3 wherein the substep of determining a length
includes the substep of querying a database containing a known length of the loop.

8. The method of claim 3 wherein the substep of determining a gauge
includes the substep of querying a topology database containing the gauge of the
loop.

9. The method of claim 1 wherein the loop contains a plurality of loop
segments, and wherein the identifying step includes the substeps of determining a
length corresponding to each of the plurality of loop and segments and determining a

gauge corresponding to each of the plurality of loop segments.
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10. The method of claim 9 wherein the substep of determining a length
includes the substep of querying a database containing the length of each of the
plurality of loop segments.

11. The method of claim 9 wherein the substep of determining a gauge
includes the substep of querying a database containing the gauge of each of the
plurality of loop segments.

12. The method of claim 1 wherein the identifying step includes the
substep of querying a database for the position of a bridge tap in the loop.

13. The method of claim 1 wherein the identifying step includes the
substep of querying a database for the length of a bridge tap in the loop.

14. The method of claim 1 wherein the identifying step includes the
substep of querying a database for the number of bridge taps in the loop.

15. The method of claim 1 wherein the identifying step includes the
substep of querying a database for the position of a load coil in the loop.

16. The method of claim 1 wherein the identifying step includes the
substep of querying a database for the number of load coils in the loop.

17. The method of claim 1 wherein the identifying step includes the
substeps of requesting a load coil measurement of the loop from a test system at a
switch connected to the loop.

18. The method of claim 17 wherein the load coll measurement is a
swept frequency measurement.

19. The method of claim 17 wherein the load coil measurement is a time
domain reflectometry measurement.

20. A method for qualifying a twisted pair loop for a digital subscriber
service, the method comprising the steps of:

receiving a unique identifier corresponding to the loop;

identifying a first cable pair and a binder corresponding to the identified loop
having the first cable pair corresponding to the identified loop and a second cable
pair; and

determining whether services provided on the second cable pair are

compatible with the digital subscriber service.
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21. The method of claim 20 wherein the identifying step includes the
substep of querying a database correlating the binder to the first and second cable
pairs and services provided on the cable pairs, and wherein the determining step
includes the substep of querying the database.

22. A method for qualifying a twisted pair loop for a digital subscriber
service, the method comprising the steps of:

receiving a unique identifier corresponding to the loop;

identifying a current service on the identified loop; and

determining whether the current service is compatible with the digital
subscriber service.

23. The method of claim 22 wherein the identifying step includes the
substep of querying a database correlating the identifier to the current service on the
loop.

24. The method of claim 22 further comprising the step of determining
whether the identifier corresponds to a working loop.

25. A method for qualifying a twisted pair loop for a digital subscriber
service having longitudinal balance restrictions, the method comprising the steps of:

receiving a unique identifier corresponding to the loop;

requesting a longitudinal balance measurement of the identified loop from a
metallic electrical testing system; and

determining whether the measurement meets the restrictions.

26. A method for qualifying a twisted pair loop for a digital subscriber
service having electrical ingress restrictions, the method comprising the steps of:

receiving a unique identifier corresponding to the loop;

requesting an electrical ingress measurement of the identified loop from a
metallic electrical testing system; and

determining whether the measurement meets the restrictions.

27. A method for qualifying a twisted pair loop for a digital subscriber
service, the method comprising the steps of:

receiving data corresponding to physical characteristics of the loop; and

applying a plurality of qualification rules to the data to determine whether

the loop is suitable for the digital subscriber service.
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28. The method of claim 27 wherein the receiving step includes the
substep of receiving data from a metallic loop electrical test system.

29. The method of clatm 27 wherein the receiving step includes the
substep of receiving data from a database.

30. The method of claim 27 wherein the receiving step includes the
substep of receiving data from a switch connected to the loop.

31. The method of claim 27 wherein the applying step is performed by an
expert system.

32. A method for qualifying a twisted pair loop for a telecommunications
service, the method comprising the steps of:

receiving data corresponding to physical characteristics of the loop; and

applying a plurality of qualification rules to the data to determine whether
the loop is suitable for the telecommunications service.

33. The method of claim 32 wherein the applying step is performed by an
expert system.

34. A system for qualifying a twisted pair loop for a digital subscriber
service having loop topology restrictions, the system comprising;:

an interface for receiving a unique identifier corresponding to the loop;

means for identifying a topology corresponding to the identified loop; and

means for determining whether the identified loop meets the topology
restrictions of the digital subscriber service based on the identified topology.

35. The system of claim 34 wherein the identifying means includes
means for querying a database.

36. The system of claim 34 wherein the identifying means includes
means for requesting a measurement from a test system.

37. A system for qualifying a twisted pair loop for a digital subscriber
service comprising:

means for receiving data corresponding to physical characteristics of the
loop; and

means for applying a plurality of qualification rules to the data to determine

whether the loop is suitable for the digital subscriber service.
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38. The system of claim 37 further wherein the means for applying
includes an expert system, the expert system including a knowledge base containing
the plurality of qualification rules.

39. A system for qualifying a twisted pair loop for a digital subscriber

5  service having loop topology restrictions, said system comprising:

an interface for receiving a unique identifier corresponding to the loop;

a memory comprising a loop qualification program for identifying a topology
corresponding to the identified loop, and for determining whether the identified loop
meets the loop topology restrictions; and

10 a processor for running the loop qualification program.

40. A system for qualifying a twisted pair loop for a digital subscriber
service comprising:

an interface for receiving data corresponding to physical characteristics of
the loop;

15 a memory comprising a knowledge base containing a plurality of rules, and a
loop qualification program for applying the plurality of rules; and

a processor for running the loop qualification program.
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SPREAD SPECTRUM HANDSHAKE FOR DIGITAL SUBSCRIBER LINE
TELECOMMUNICATICONS SYSTEMS

Priority is claimed from provisional application Serial No.
60/090,333 filed June 23, 1998 which is hereby incorporated by

reference in its entirety herein.
BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates broadly to telecommunications
systems and methods. More particularly, the present invention
relates to a handshake for an xDSL (Digital Subscriber Line
type) modem.

2. State of the Art

+ Digital subscriber line (DSL) systems are a new and fast-
growing data transmission service which provide significantly
higher data rates than conventional V.34 and V.90 type modems.
The abbreviation “xXDSL” is an integrated designation for
different DSL services including ADSL (asymmetric DSL), SDSL
(symmetric DSL), RADSL (rate-adaptive DSL), HDSL (high speed
DSL), and VDSL (very high speed DSL), UDSL (universal DSL), and
their modifications such as ADSL-LITE (also known as G.lite).
The xDSL services typically provide data rates of several
Mbits/s downstream and several hundred Kbits/s upstream,
although SDSL provides the same upstream and downstream rates.
All types of DSL are based on discrete multitone (DMT)
technology although they have different parameters. See, J.
Makris, “DSL Services”, Data Communications, April 1998, and
ANST T1.413 -1995 “Network and Customer Installation Interfaces
- Asymmetrical Digital Subscriber Line (ADSL) Metallic
Interface”.

According to the ITU-T telecommunications standards for the
xDSL services, at modem start-up a handshake procedure (called
G.hs) is utilized. The requirements for G.hs are set forth in
several documents such as “Proposal for G.hs Modulation
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Technique and Message Protocol”, I1TU-T Telecommunicatjon
Standardization Sector, C1-068 Chicago, USA 6-9 April 1998, and
“Handshake procedures for Digital Subscriber Line (DSL)
transceivers”, ITU-T Draft G.9%4.1 (February 3, 1999) which are
both hereby incorporated by reference herein in their
entireties. The main requirements of the handshake are:
transmission of several tens of bytes during the handshake;
signal compatibility with all types of DSL receivers; and
interworking with the plain old telephone service (POTS), the
integrated services digital network (ISDN), and time compression
multiplexing ISDN (TCM-ISDN). Meeting these main requirements
is not a trivial task because of considerable noise and cross-
talk impairments, and lack of knowledge regarding the frequency
characteristics of the channel, all of which is described in
various papers such as: Matsushita Electric Industrial Co. Ltd,
“Proposed Working Text for G.hs Based on V.8bis”, ITU-
Telecommunication Standardization Sector, NF-044, Nice, France,
11-14 May 1998; Matsushita Electric Industrial Co. Ltd.,
“Spectrum Considerations for G.hs”, ITU-Telecommunications
Standardization Sector, NF-045, Nice, France 11-14 May 1998;
Matsushita Electric Industrial Co., Ltd., “Crosstalk Model
Proposed Working Text for G.hs Test” ITU-Telecommunications
Standardization Sector, NF-046, Nice, France 11-14 May 1998;
NEC, “Desired Spectrum Range for G.hs under TCM-ISDN”, ITU-
Telecommunications Standardization Sector, NF-066, Nice, France
11-14 May 1998; and 3Com, “Proposed Spectrum and Tone Selection
for G.hs”, ITU-Telecommunications Standardization Sector, NF-
068, Nice, France 11-14 May 1988.

More particularly, signal attenuation across lines carrying
xDSL signals is a non—-monotonic function of frequency, and may
have several deep notches, while noise power spectral density
(PSD) is also not a flat function of frequency. As a result,
the signal to noise ratio (SNR) is a complex multiextremes
function of frequency. Moreover, the SNR 1s subject to random
and cyclic variations in time. For example, in the TCM-ISDN
environment which includes the so-called “ping-pong mode” of up-
and down-transmissions, far-end cross-talk (FEXT) and near-end
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cross—-talk (NEXT) interleave at a frequency of 400 Hz. Since
FEXT and NEXT processes have significantly different power
spectral densities, significant NEXT noise is introduces every
other 1.25 milliseconds.

As set forth above, several authors have made proposals
regarding G.hs techniques. The core of these proposals has been
two-tone transmission with different bit rates depending upon
the noise environment. Frequency diversity is provided by bits
duplication on nominal and backup carrier tones. Time diversity
is provided by increasing the symbcl interval (i.e., decreasing
the symbcocl rate). These proposals have several disadvantages.
First, both the nominal and backup tones may be located in
notches or other frequency domain areas having a low SNR, thus
rendering the handshake ineffective. Second, increasing the
symbol interval may not be sufficient to account for bursty
noise. For example, in the TCM-ISDN environment, the signal to
noise ratio may be below an acceptable level every other 1.25 ms
interval. Even if the initial symbol interval of .232 ms were
to be increased by a factor of four to .928 ms as suggested by
one of the authors in the art, the entire interval could be
located within the 1.25 ms high noise window. In fact, even
increasing the symbol interval by a factor of 8 would still only
provide a final symbol interval of 1.885 ms which could be 67%
covered by the low SNR area.

SUMMARY OF THE INVENTION
It is therefore an object of the invention to provide a
handshake for an xDSL modem which meets proposed xDSL standards
requirements.
It is another object of the invention to provide a
handshake for an xDSL modem which has excellent frequency

diversity and time diversity and provides excellent reliability.

It is a further object of the invention to provide an xDSL
modem handshake which utilizes multitone signaling.
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It is an additional object of the invention to provide an
xDSL modem handshake which will interwork with existing

telecommunications services.

Another object of the invention is to provide modems and
methods for implementing the above-listed objects.

In accord with the objects of the invention, handshake
information for xDSL services are transmitted utilizing a spread
spectrum modulated system where a plurality (n) of carrier tones
(n > 2) are summed and utilized as a spread spectrum carrier
(SSC), and data is modulated onto the carrier (at all utilized
frequencies). Preferably, phase shift keying (PSK) modulation
{or a variation thereof such as BPSK - binary PSK, or DBPSK -
differential binary PSK) is used as the modulating technique.
When the spread spectrum carrier is modulated by handshake bits
according to BPSK, the SSC is transmitted with sign “+” if the
handshake bit is a +1 and with sign “-” if the handshake bit is
a “-1”. When using DPSK, the same modulation procedure is used
for differentially encoded handshake bits.

According to one preferred aspect of the invention, the
handshake symbol rate (SR) is set equal to .BA symbols/msec,
where A is a positive integer. 1In order to improve reliability,
symbols are preferably repeated at least four times. According
to another preferred aspect of the invention, a preamble can be
provided for timing recovery purposes. Further aspects of the
invention include different receiver systems, including a
quasicoherent receiver, an autocorrelation receiver, and a
presently preferred incoherent receiver which utilizes coherent
accumulation of FFT components for a DBPSK spread spectrum
handshake signal.

Additional objects and advantages of the invention will
become apparent to those skilled in the art upcon reference to
the detailed description taken in conjunction with the provided
figures.
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BRIEF DESCRIPTION OF THE DRAWINGS

Fig. 1 is a block diagram of the preferred transmitter of
the invention.

Fig. 2 is a diagram showing the signal structure of the
preferred handshake signal of the invention.

Fig. 3a is a block diagram of an autocorrelation receiver
of DBPSK signals according to the invention;

Fig. 3b is a block diagram of a quasicoherent receiver of
DBPSK signals according to the invention; and

Fig. 3c is a block diagram of an incoherent receiver which
utilizes coherent accumulation of FFT components for a DBPSK

spread spectrum handshake signal according to the invention.
DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENT

According to the invention, handshake information for xDSL
services is transmitted by modulating the handshake information
on a spread spectrum carrier (SSC), where the SSC is a sum of
tones conventionally used by xDSL for the data transmission
mode. As seen in Fig. 1, the transmitter 10 includes a phase
initialization (PI) unit 15, an inverse fast Fourier
transformation (IFFT) unit 20, a spread spectrum carrier (SSC)
memory 25, a modulator 30, a differential encoder 35 and a block
frame unit 40. 1In essence, the phase initialization unit 15
generates complex numbers indicating a desirable amplitude and
initial phase distribution for a plurality of multitone signals.
Preferably, the amplitude distribution is chosen to be flat
(uniform). According to the preferred embodiment, the initial
rhases of different tones are generated randomly or selected
specifically in order to minimize the crest-factor of the
generated tones. Regardless, where DMT-style implementation is
utilized, the IFFT transforms a set of complex numbers into a
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set of time—-domain samples which are stored in memory 25. 1If,
for example, all or substantially all two hundred fifty-six DMT
tones (such as might be utilized in ITU-T Standard G.992.2) are
generated by the PI unit 15, a five hundred twelve sample set
may be stored in the memory 25. Additional repetitive samples
may also be stored in the memory, if desired as a prefix which
can be used by the receiver to reduce distortion. If desired,
the samples may be generated in other manners (e.g., without the
PI and IFFT, or in another apparatus) and locaded and stored in
the transmitter memory for use as described below.

While all two hundred fifty-six DMT tones may be included
in the spread spectrum carrier, it should be appreciated by
those skilled in the art that according to the invention,
different numbers of tones (and different tones) can be used in
different circumstances, provided a spread spectrum carrier is
utilized. Thus, for purposes of this application, a carrier may
be considered a spread spectrum carrier if three or more
distinct tones are modulated together. Thus, the SSC for a
down-stream connection may contain a full or partial set of
down—-stream tones, while the SSC for an up-stream connection
could contain a full or partial set of up-stream tones. For
example, a G.Lite ADSL up-stream SSC might utilize allowed tones
from the set six through thirty-two (25.875 kHz... 138 KHz),
while the downstream SSC might utilize allowed tones from the
set thirty-three through one hundred twenty-eight (142.3125 kHz
... 552 kHz). The SSC may contain only even or odd tones to
reduce the processing at the receiver.

Handshake information (as described below with reference to
Fig. 2) which is to be modulated onto the spread spectrum
carrier is provided to the differential encoder 35 and
differentially encoded bits are written to the block frame unit
40. According to the preferred embodiment of the invention, the
handshake information is provided to the differential encocder at
a speed of .8 kbps, and differentially encoded 4-bit subblocks
are written into registers of the block frame unit 40.
Preferably, each 4-bit subblock is read four times such that
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each block frame is provided to the modulator 30 with a speed of
3.2 kbps.

When no differential encoder is utilized, the modulation
technique is preferably is a binary phase shift keying (BPSK).
When a differential encoder is utilized, the modulation
technique is preferably a differential BPSK. Regardless, the
modulator 30 uses the output of the block framer unit 40 to
select whether the samples stored in the memory 25 are to be
transmitted as 1is, or inverted (i.e., multiplied by -1 or 180
degrees out of phase). The samples stored in the memory 25 are
sequentially read out of the memory so that all samples are
modulated (i.e., transmitted as is or inverted) at the proposed
symbol rate discussed below. When BPSK is utilized, the SSC
samples are transmitted with sign “+” if the handshake bit is a
“+17, and transmitted with sign “-” if the handshake bit is ™-1”"
(or vice wversa). When using DBPSK, the same modulation
procedure is used for differentially encoded handshake bits.

It will be appreciated by those skilled in the art that
while BPSK or DBPSK modulation is preferred, other modulation
techniques such as QPSK (quadrature PSK), DQPSK (differential
QPSK), frequency modulation, amplitude modulation, and
quadrature amplitude modulation could be utilized.

Details of the handshake which modulates the SSC is seen in
Fig. 2. According to the preferred embodiment of the invention,
the handshake includes a preamble and a G.hs message. The
preamble comprises N subblocks of a distinct four bit sequence
*1,1,1,-1” followed by four subblocks of a four bit divider
sequence “-1,-1,-1,-17, followed by eight subblocks of a
pseudorandom sequence (as specified). Each subblock is
preferably generated at a 1.25 millisecond rate (i.e., each
subblock has a duration of 1.25 ms), with bits being generated
at a .3125 millisecond rate. After the preamble, the G.hs
message is provided and preferably includes N blocks which are
generated at a 5 millisecond rate. Each block preferably
includes four subblocks of four information bits (symbols) each
(bl, b2, b3, b4), with the four information bits being repeated
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four times (i.e., each subblock within the block contains the
same material). Each symbol carries one information bit. So
each block of duration 5 milliseconds, carries four information
bits with redundancy 3/4. As indicated in Fig. 2, each bit of
the preamble and G.hs message is preferably modulated onto a
spread spectrum carrier. As discussed in more detail below, the
preamble is preferably provided to permit the receiver to detect
G.hs transmission, to recover the spread spectrum carrier for
coherent processing, and for symbol and block synchronization
(timing recovery). While the preamble is preferably modulated,
an unmodulated preamble (all +1s) can be utilized.

According to the preferred embodiment of the invention, a
symbol rate (SR) is set equal to .8 symbols/millisecond, where A
=1,2,3... With the symbol rate set in this manner, an integer
number of symbols will be placed within the 1.25 millisecond
burst duration in the TCM-ISDN cross talk environment. Thus,
when A=4 (bit rate = 3200 bps), half a byte (four bits) will be
transmitted within the 1.25 ms burst. When A=8 (bit rate = 6400
bps), one byte will be transmitted within the 1.25 ms burst. By
transmitting each symbol of the G.hs message at least four
times, at least two symbol time-separated blocks will occur
within the 1.25 ms high SNR FEXT areas in a TCM-ISDN cross-talk
environment.

Taking into account the 400 Hz periodicity of the NEXT and
FEXT cross—-talk in TCM-ISDN systems, a noiseless time window may
be found by calculating the correlation between N-symbol blocks
delayed by 2.5 ms relative to each other. If the delayed blocks
coincide with each other (i.e., they have not been corrupted by
noise), the time window has a “high enough” SNR (i.e., it is
“noiseless” for the purpose of the handshake) and can be used
for receiving the handshake message. The structure of the

preamble is particularly arranged to permit this determination.
Because the noiseless time window has a random time

position relative to the transmission of the preamble and

handshake message, received N-symbol blocks may be cyclically
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shifted. In other words, the block frame may not correspond to
the noiseless time window frame. It is therefore preferred that
this shift be estimated and eliminated. According to the
preferred embodiment of the invention, the cyclic shift may be
estimated and eliminated by transmitting an N-symbol reference
block. Thus, the preamble is provided with a series of
reference blocks having the form “1,1,1,-1”. It should be
appreciated that any shift of the reference block will be
distinect (-1,1,1,1; 1,-1,1,1; 1,1,-1,1) and detectable, and may
therefore be detected and eliminated at the receiver. This
pattern therefore allows for symbol synchronization and subblock
synchronization.

Turning now to Figs. 3a-3c, three different receivers are
shown for receiving and demodulating the handshake signal of the
invention. An autocorrelation receiver 100a for DBPSK spread
spectrum handshake signals is seen in Fig. 3a. The
autocorrelation receiver 100a includes an autocorrelation
demodulator 102a, a timing signal extractor 103a, and preferably
further includes a noiseless time window (TW) determination unit
104a and a transmitted bit selection (BS) unit 106a. The
autocorrelation demodulator 102a includes a delay line (DL)
110a, a multiplier 112a, a low pass filter (LPF) 1ll4a, and a
binary slicer (Sgn) 1ll6a. Incoming SSC modulated signals are
provided to the delay line 110a and the multiplier 112a. The
delay At of the delay line is preferably set equal to 1/.8A ms
(i.e., the handshake symbol duration). Thus, the multiplier
112a multiplies the incoming signal with the delayed signal.

The cutput is forwarded to the low pass filter 114a which is
preferably provided with a frequency bandwidth Af approximately
equal to A/1.25 kHz. For example, when using block length A=4,
At = 0.3125 ms, and Af = 3.2 kHz. The output of the low pass
filter 1l4a reflects the modulation function in the transmitter,
and the sign function of the low pass filter output, as
generated by the binary slicer 116a which compares the output to
a zero threshold, corresponds to the transmitted bits.

As will be appreciated by those skilled in the art, the
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autocorrelation receiver 100a calculates (at the multiplier
112a) a scaler product (S,(t)*S,,(t)) between a given spread

spectrum signal S_(t) and a previous spread spectrum signal S, _
;(t). The binary symbol I, received with the n-th symbol
interval is therefore determined according to I, = sgn(S,(t)*S,_

1{t).

As seen in Fig. 3a, the binary slicer 1ll6a requires timing
information which is preferably extracted from the low pass
filter output by bandpass filtering of a frequency component
responding to the baud (symbol) frequency. Alternatively (and
also as shown in Fig. 3a), the timing information can be
extracted from the incoming signal by a variety of well-known
methods; e.g., as taught in Jan W. M. Bergmans, Digital Baseband
Transmission and Recording, Chapters 9 and 10, “Basics of Timing
Recovery”, and “A Catalog of Timing Recovery Schemes”, Kluwer
Academic Publishers, Boston (1996) pp. 451-587.

While the autocorrelation demodulator 102a in conjunction
with the timing extractor 103a suffices as a G.hs receiver in
situations which do not require carrier recovery or other
special synchronization, additional circuitry can be utilized if
desired. Thus, is the channel noise has a steady power spectral
density, robustness can be increased by accumulating signals at
the output of the low pass filter, taking into account that
every symbol may be repeated several times. In addition, if the
PSD is known, the spread spectrum signal may be passed through a
corresponding filter (not shown) at the input of the receiver in
order to emphasize components of the spread spectrum signal
having a higher SNR.

In addition, and according to the preferred embodiment of
the invention, where a preamble 1is utilized, a noiseless time
window determination unit 104a can be provided to compare the
signal subblocks containing N symbols and delayed relative to
each other by 2.5 ms. If the delayed N bit combination

coincides within a certain time window, it indicates that this
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window has a sufficiently high SNR and can be used for receiving
handshake bits. Regardless, the window determination unit 104
finds the time window of interest and generates an output signal
indicating the time position of the desired window which is
provided to the bit selection unit 106a. The demodulated bits
provided at the output of the slicer during the noiseless window
are also provided to the bit selection unit 106a, which
determines from the bits and the window information the cyclic
shift in effect. Thus, during receipt of the G.hs message, the
bit selection unit 106a selects the correct portion of the
received bits and eliminates the cyclic shift in the received
information blocks. The bit selection unit 106a produces for

output N bits every 5 milliseconds.

Turning to Fig. 3b, a quasicoherent receiver 100b for DBPSK
spread spectrum handshake signals is shown. The quasicoherent
receiver 100b includes an autocorrelation demodulator 102b, a
timing signal extractor 103b, and preferably further includes a
noiseless time window determination unit 104b and a transmitted
bit selection unit 106b. The quasicoherent demodulator 102b
includes a spread spectrum recovery (SSCR) unit 111b, a
multiplier 112b, a low pass filter 114b, a binary slicer 1ll6b, a
delay line 118b, and a sign multiplier 120b. Incoming SSC
modulated signals are provided to the spread spectrum carrier
recovery unit 111b and the multiplier 112b. The spread spectrum
carrier recovery unit 111lb accumulates SSC samples during the
preamble and extracts a spread spectrum reference signal R(t)
therefrom. The multiplier 112b multiplies the incoming signal
with the output of the SSC recovery unit. The output is
forwarded to the low pass filter 114b which is preferably
provided with a frequency bandwidth Af approximately equal to
N/1.25 kHz. The output of the low pass filter 114b is fed to
slicer 116b which compares the output to a threshold (typically
zero) . The output of slicer 116b is a binary signal which is
fed to the delay line 118b and to the sign multiplier 120b. The
sign of the output of the sign multiplier 120b corresponds to
the transmitted bits.
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As will be appreciated by those skilled in the art, in the
quasicoherent receiver 100b, the average unmodulated SSC,
preferably extracted from the preamble by the S3C recovery unit
111b, is used as a spread spectrum reference signal R{(t) for the
coherent demodulation. Thus, the recovered binary symbol I, =

Jo*J,a-1, wWhere J, = sgn (S, (t)*R(t)), and J,; = sgn(S, ;(t)*R(t)).

The quasicoherent receiver 100b provides excellent results, but
is substantially more complicated to implement than the
autocorrelation receiver 100a because of the SSC recovery unit
111b.

The functioning of the timing signal extractor 103b, and
the time window determination unit 104b and bit selection unit
106b of the quasicoherent receiver 100b are substantially as
described above with respect to corresponding elements of Fig.
3a.

Turning to Fig. 3¢, an incoherent receiver 100c for DBPSK
spread spectrum handshake signals is shown. As seen in Fig. 3¢,
the incoherent receiver includes a fast Fourier transform block
130, a quadrature component accumulation unit 135, a
multichannel incoherent demodulator 140, a DMT accunmulation unit
145, and a binary slicer 150. The FFT block 130 receives the
time domain handshake signal and converts the signal into a
frequency domain signal. The output of the FFT block are

signals F_ g, and Fg,., which are respectively, the real and

complex parts for the k-th DMT tone at the m—-th DMT symbol
interval of the n-th handshake symbol. The quadrature component
accumulation (QCA) unit 145 separately sums the real parts
together and the imaginary parts together according to

Fcnk= Zm; ch and ka = gkam. The outputs of the quadrature

component accumulation unit 145 are then demodulated by the
incoherent demodulator 140 according to
Fox = Fenk® Fen-1)k * Fsnk® Fsm-1)x- The outputs of the incoherent
demodulator 140 are then summed over all tones k by the DMT
accumulator (DMTA) 145 according to F = Y F . Finally, the

n k n
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output of the DMT accumulator 145 is provided to the binary
slicer 150 in order to compare the output F, to a zero threshold.

The decoded binary symbol I, = sgn(F,).

It should be appreciated by those skilled in the art that
the incoherent receiver 100c is relatively simple to implement
because it is based on the use of a FFT which is already
available in DMT-based systems. In addition, no frequency
equalization (carrier phase recovery) 1is required, and the
performance of the incoherent receiver 100c is nearly as good as

the quasicoherent receiver 100b of Fig. 3b.

There have been described and illustrated herein methods
and apparatus for implementing a spread spectrum handshake for a
digital subscriber line telecommunications system. While
particular embodiments of the invention have been described, it
is not intended that the invention be limited thereto, as it is
intended that the invention be as broad in scope as the art will
allow and that the specification be read likewise. Thus, while
a particular transmitter and particular receivers have been
disclosed, it will be appreciated that other transmitters and
receivers could be utilized, provided that the transmitter
modulate a handshake signal onto a spread spectrum carrier.
Thus the implementation of the transmitters and receivers will
partially depend upon the encoding technique utilized (e.g.,
DPSK, QPSK, etc.), the results desired, and limitations or
requirements of standards which might be applicable.
Implementation of functions may also be accomplished in several
manners. Thus, while slicers have been described for purposes
of generating decoded binary signals, other apparatus well-known
in the art could be utilized. Also, while a handshake sequence
including a preamble and a handshake message have been
described, it will be appreciated that different preambles and
different handshake messages could be provided, and/or that a
handshake sequence could be provided with no preamble. It will
therefore be appreciated by those skilled in the art that yet
other modifications could be made to the provided invention
without deviating from its spirit and scope as so claimed.
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We claim:

1. A digital subscriber line (DSL) type modem, comprising:
a transmitter having

a handshake generator which generates handshake signals,

a spread spectrum carrier generator which generates a
spread spectrum carrier including at least three tones
associated with DSL type modems, and

a modulator coupled to said handshake generator and to said
spread spectrum carrier generator, said mecdulator modulating
indications of said handshake signals onto indications of said

spread spectrum carrier simultaneously.

2. A modem according to claim 1, wherein:

said modulator modulates said indications of said spread
spectrum carrier according to one of a phase shift keying (PSK)
technique, fregquency modulation, amplitude modulation, and
quadrature amplitude modulation.

3. A modem according to claim 2, wherein:

said PSK technique comprises one of binary PSK,
differential binary PSK, quadrature PSK, and differential
quadrature PSK.

4., A modem according to claim 1, wherein:

saild modulator modulates said indications of said spread
spectrum carrier according to differential binary phase shift
keying.

5. A modem according to claim 4, wherein:
said spread spectrum carrier generator comprises memory
which stores said indications of all said tones.

6. A modem according to claim 5, wherein:

said indications comprise inverse fast Fourier transform

(IFFT) samples of said at least three tones.
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7. A modem according to claim 6, wherein:
said indications comprise IFFT samples of substantially all
two hundred fifty-six DMT tones associates with DSL type modems.

8. A modem according to claim 1, wherein:
sald spread spectrum carrier generator comprises memory
which stores said indications of all said tones.

9. A modem according to claim 8, wherein:
sald indications of all said tones comprise inverse fast
Fourier transform (IFFT) samples of said at least three tones.

10. A modem according to claim 9, wherein:

said indications of all said tones comprise IFFT samples of
substantially all two hundred fifty-six DMT tones associates
with DSL type modems.

11. A modem according to claim 1, wherein:
said handshake generator comprises a differential encoder
coupled to a block framer.

12. A modem according to claim 1, wherein:
said handshake signals comprise a handshake message.

13. A modem according to claim 12, wherein:
said handshake message includes a plurality of blocks, each
block having a plurality of repeating subblocks.

14, A modem according to claim 13, wherein:

said blocks have a 5 millisecond rate.
15. A modem according to claim 14, wherein:
said subblocks have a 1.25 millisecond rate, and each

subblock contains four bits.

16. A modem according to claim 12, wherein:
said handshake signals further comprise a preamble.

Page 779 of 849



WO 99/67890 PCT/US99/13817
16

17. A modem according to claim 16, wherein:
said preamble comprises a plurality of repeating subblocks.

18. A modem according to claim 17, wherein:

each said subblock has a 1.25 millisecond rate and includes
four predetermined bits, said four predetermined bits selected
to permit a shift in phase of said four predetermined bits to be
detected.

19. A modem according to claim 17, wherein:

said preamble further includes at least one subblock having
a divider sequence, and a plurality of subblocks representing a
pseudorandom sequence.

20. A modem according to claim 1, further comprising:
a receiver having a demodulator.

21. A modem according to claim 20, wherein:
said receiver is chosen from a group consisting of an
autocorrelation receiver, a quasicoherent receiver, and an

incoherent receiver.

22. A modem according to claim 21, wherein:

said receiver is an autocorrelation receiver including a
delay line which receives and delays a received handshake
signal, a multiplier which multiplies said received handshake
signal with an output of said delay line, a low pass filter
which filters an output of the multiplier, and means for
obtaining binary symbol indication from an output of said low
pass filter.
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23. A modem according to claim 21, wherein:

said receiver is a quasicoherent receiver including a
spread spectrum carrier recovery unit generates a reference
spread spectrum signal from the received signal, a multiplier
which multiplies a received signal with said reference signal, a
low pass filter which filters an output of the multiplier, and
means for obtaining a binary symbol indication from an output of
said low pass filter.

24. A modem according to claim 23, wherein:

said means for obtaining a binary symbol indication
comprises a slicer coupled to an output of said low pass filter,
a delay line which receives and delays outputs of said slicer,
and a second multiplier which receives an output of said slicer
and an output of said delay line and generates a binary symbocl
indication therefrom.

25. A modem according to claim 21, wherein:

said receiver is an incoherent receiver including a fast
Fourier transformer (FFT) which receives an incoming time domain
handshake signal and generates real and imaginary frequency
domain signals therefrom, a gquadrature component accumulation
{QCA) unit coupled to said FFT which separately sums said real
frequency domain signals together and said imaginary frequency
domain signals together, an incoherent demodulator coupled to
said QCA unit which combines said summed real and imaginary
frequency domain signals, a discrete multitone accumulator
(DMTA) coupled to said QCA unit which sums outputs of said QCA
unit over said at least three tones, and means for generating a
decoded binary symbol from an output of said DMTA.

26. A modem according to claim 20, wherein:

said handshake signals comprise a handshake message and a
preamble, said preamble comprises a plurality of repeating
subblocks, wherein said receiver includes means for utilizing
sald repeating subblocks to find a high-signal-to-noise time

window.
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27. A modem according to calim 26, wherein
sald means for utilizing said repeating subblocks includes
means for correlation of said repeating subblocks delayed

relative to each other by a predetermined time interval.

28. A method of transmitting digital subscriber line (DSL) type
modem handshake information, comprising:

generating handshake signals; and

modulating indications of said handshake signals onto a spread
spectrum carrier, said spread spectrum carrier including at
least three tones associated with DSL type modems, wherein said
modulating comprises modulating salid indications of said
handshake signals onto indications of said at least three tones
simultaneously.

29. A method according to claim 28, wherein:

said handshake signal indications are modulated onto said
spread spectrum carrier according to one of a phase shift keying
(PSK) technique, frequency modulation, amplitude modulation, and
quadrature amplitude modulation.

30. A method according to claim 29, wherein:

said PSK technique comprises one of binary PSK,
differential binary PSK, quadrature PSK, and differential
quadrature PSK.

31. A method according to claim 28, wherein:

said handshake signal indications are modulated onto said
spread spectrum carrier according to differential binary phase
shift keying.

32. A method according to claim 28, further comprising:
generating said indications by taking an inverse fast
Fourier transform (IFFT) of said at least three tones; and
storing said indications in memory, wherein said modulating
comprises reading said indications from memory in order to
modulate said indications of said handshake signals onto said

indications stored in memory.
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33. A method according to claim 28, wherein: »

said handshake signals comprise a handshake message, said
handshake message including a plurality of blocks, each block
having a plurality of repeating subblocks.

34. A method according to claim 33, wherein:
said blocks have a 5 millisecond rate, said subblocks have
a 1.25 millisecond rate, and each subblock contains four bits.

35. A method according to claim 33, wherein:

said handshake signals further comprise a preamble.

36. A method according to claim 33, wherein:

said preamble comprises a plurality of repeating subblocks,
each said subblock has a 1.25 millisecond rate and includes four
predetermined bits, said four predetermined bits selected to
permit a shift in phase of said four predetermined bits to be
detected.

37. A method according to claim 36, wherein:
said preamble further includes at least one subblock having
a divider sequence, and a plurality of subblocks representing a

pseudorandom sequence.
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IN THE UNITED STATES PATENT AND TRADEMARK OFFICE

In Re the Application of:
David M. Krinsky
Serial No.: 12/779,660

) Group Art Unit: 2611

)

)

)
Filed: May 13, 2010 g

)

)

)

)

Confirmation No.: 8981

Examiner: Not yet assigned

Atty. File No.: 5550-2-CON-2-1-1
Entitled: “Multicarrier Modulation Messaging for

INFORMATION DISCLOSURE
STATEMENT

Power Level Per Subchannel Information” Electronically Submitted

Commissioner for Patents
P.O. Box 1450 T
Alexandria, VA 22313-1450

Dear Sir:

The references cited on attached Form PTO-1449 are being called to the attention
of the Examiner.
= Copies of the cited non-patent and/or foreign references are enclosed herewith.
] Copies of the cited U.S. patents and/or patent applications are enclosed herewith.
¥ Copies of the cited U.S. patents/patent application publications are not enclosed in
accordance with 37 C.F.R. § 1.98(a).
] Copies of the cited references are not enclosed, in accordance with 37 C.F.R.
§ 1.98(d), because the references were cited by or submitted to the U.S. Patent and
Trademark Office in prior application Serial No. filed ,

which is relied upon for an earlier filing date under 35U.S.C. § 120.
= To the best of applicants’ belief, the pertinence of the foreign-language references
are believed to be summarized in the attached English abstracts and in the figures, although
applicants do not necessarily vouch for the accuracy of the translation.
= Examiner’s attention is drawn to the following related applications:

Serial No. _09/755173 filed _01-08-2001, now U.S. Patent No. 6658052
(Attorney’s Ref. No. 5550-2)

Serial No. 10/619691 filed 07-16-2003, now U.S. Patent No. 7570686 (Attorney’s
Ref. No. 5550-2-CON-2)

Serial No. _12/477742 filed _06-03-2009, now U.S. Patent Publication No.
2009/0238254 (Attorney’s Ref. No. 5550-2-CON-2-1)

1
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Serial No. 12/779708 filed 05-13-2010 (Attorney’s Ref. No. 5550-2-CON-2-1-2)
] Other:

Submission of the above information is not intended as an admission that any item

is citable under the statutes or rules to support a rejection, that any item disclosed
represents analogous art, or that those skilled in the art would refer to or recognize the
pertinence of any reference without the benefit of hindsight, nor should an inference be
drawn as to the pertinence of the references based on the order in which they are presented.
Submission of this statement should not be taken as an indication that a search has been
conducted, or that no better art exists.

It is respectfully requested that the cited information be expressly considered
during the prosecution of this application and the references made of record therein.

FEES -
IE' 37 CFR 1.97(b): No fee is believed due in connection with this submission, because the information disclosure statenient

submitted herewith is satisfied by one of the following conditions (“X” indicates satisfaction):

VA Within three months of the filing date of a national application other than a continued prosecution
application under 37 CFR 1.53(d), or

D Within three months of the date of entry into the national stage of an international application as set
forth in 37 CFR 1.491 or

l:] Before the mailing date of a first Office Action on the merits, or

\:‘ Before the mailing of a first Office action after the filing of a request for continued examination under
37CFR 1.114.

Although no fee is believed due, if any fee is deemed due in connection with this submission, please charge such fee to
Deposit Account 19-1970.

|:| 37 CFR 1.97(c): The information disclosure statement transmitted herewith is being filed after all the above conditions (37
CFR 1.97(b)), but before the mailing date of one of the following conditions:
(1) a final action under 37 C.F.R. 1.113 or
(2) a notice of allowance under 37 C.F.R. 1.311, or
(3) an action that otherwise closes prosecution in the application.
This Information Disclosure Statement is accompanied by:

A Certification (below) as specified by 37 C.F.R. 1.97(¢). Although no fee is believed due, if any fee is deemed
due in connection with this submission, please charge such fee to Deposit Account 19-1970.

I:I Please charge Deposit Account 19-1970 in the amount of $180.00 for the fee set forth in 37 C.F.R. 1.17(p) for
submission of an information disclosure statement. Please credit any overpayment or charge any underpayment to Deposit
Account 19-1970.

D 37 CER 1.97(d): This Information Disclosure Statement is being submitted after the period specified in 37 CFR 1.97(c).
This information Disclosure Statement includes a Certification (below) as specified by 37 C.F.R. 1.97(¢)
AND
[:] Applicants hereby requests consideration of the reference(s) disclosed herein. Please charge Deposit Account

19-1970 in the amount of $180.00 under 37 C.F.R. 1.17(p). Please credit any overpayment or charge any underpayment to
Deposit Account 19-1970. Election to pay the fee should not be taken as an indication that applicant(s) cannot execute a
certification.
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Certification (37 C.F.R. 1.97(e))
(Applicable only if checked)

] The undersigned certifies that:
[] Each item of information contained in this information disclosure statement was
first cited in any communication from a foreign patent office in a counterpart foreign
application not more than three months prior to the filing of this statement. 37 C.F.R.
1.97(e)(1).
[] A copy of the communication from the foreign patent office is enclosed.

OR

[] No item of information contained in this information disclosure statement was
cited in a communication from a foreign patent office in a counterpart foreign
application, and, to the knowledge of the undersigned after making reasonable
inquiry, no item of information contained in this Information Disclosure Statement
was known to any individual designated in 37 C.F.R. 1.56(c) more than three months
prior te the filing of this statement. 37 C.F.R. 1.97(e)(2).

Respectfully submitted,

SHERIDAN ROSS P.C.

By: /%

on H. Vick
Registration No. 45,285

1560 Broadway, Suite 1200
Denver, Colorado 80202-5141
Date:_ 1 Sa:r /7 (303) 863-9700
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UNITED STATES PATENT AND TRADEMARK OFFICE

UNTTED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS

PQ. Box 1450

Alexandria, Virginia 22313-1430

WWW.USDto.gov

AP%?Q{ON I ; 1I(Lc1)N]§}ADTrE GIE;T[I?T I FIL FEE REC'D I ATTY.DOCKET.NO ITOT CLAIMSIIND CLAIMSl
12/779,660 05/13/2010 2611 1750 5550-2-CON2-1-1 12 6
CONFIRMATION NO. 8981
62574 FILING RECEIPT
Jason H. Vick
Sheridan Ross, PC LA R
Suite # 1200 000000041799505

1560 Broadway
Denver, CO 80202

Date Mailed: 06/01/2010

Receipt is acknowledged of this non-provisional patent application. The application will be taken up for examination
in due course. Applicant will be notified as to the results of the examination. Any correspondence concerning the
application must include the following identification information: the U.S. APPLICATION NUMBER, FILING DATE,
NAME OF APPLICANT, and TITLE OF INVENTION. Fees transmitted by check or draft are subject to collection.
Please verify the accuracy of the data presented on this receipt. If an error is noted on this Filing Receipt, please
submit a written request for a Filing Receipt Correction. Please provide a copy of this Filing Receipt with the
changes noted thereon. If you received a "Notice to File Missing Parts" for this application, please submit
any corrections to this Filing Receipt with your reply to the Notice. When the USPTO processes the reply
to the Notice, the USPTO will generate another Filing Receipt incorporating the requested corrections
Applicant(s)

David M. Krinsky, Acton, MA;

Robert Edmund Pizzano JR., Stoneham, MA;
Assignment For Published Patent Application

AWARE, INC., Bedford, MA
Power of Attorney: None

Domestic Priority data as claimed by applicant
This application is a CON of 12/477,742 06/03/2009
which is a CON of 10/619,691 07/16/2003 PAT 7,570,686
which is a DIV of 09/755,173 01/08/2001 PAT 6,658,052
which claims benefit of 60/224,308 08/10/2000
and claims benefit of 60/174,865 01/07/2000

Foreign Applications

If Required, Foreign Filing License Granted: 05/25/2010

The country code and number of your priority application, to be used for filing abroad under the Paris Convention,
is US 12/779,660

Projected Publication Date: 09/09/2010
Non-Publication Request: No

Early Publication Request: No
page 1 of 3
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Title

Multicarrier Modulation Messaging for Power Level Per Subchannel Information
Preliminary Class

375

PROTECTING YOUR INVENTION OUTSIDE THE UNITED STATES

Since the rights granted by a U.S. patent extend only throughout the territory of the United States and have no
effect in a foreign country, an inventor who wishes patent protection in another country must apply for a patent
in a specific country or in regional patent offices. Applicants may wish to consider the filing of an international
application under the Patent Cooperation Treaty (PCT). An international (PCT) application generally has the same
effect as a regular national patent application in each PCT-member country. The PCT process simplifies the filing
of patent applications on the same invention in member countries, but does not result in a grant of "an international
patent” and does not eliminate the need of applicants to file additional documents and fees in countries where patent
protection is desired.

Almost every country has its own patent law, and a person desiring a patent in a particular country must make an
application for patent in that country in accordance with its particular laws. Since the laws of many countries differ
in various respects from the patent law of the United States, applicants are advised to seek guidance from specific
foreign countries to ensure that patent rights are not lost prematurely.

Applicants also are advised that in the case of inventions made in the United States, the Director of the USPTO must
issue a license before applicants can apply for a patent in a foreign country. The filing of a U.S. patent application
serves as a request for a foreign filing license. The application's filing receipt contains further information and
guidance as to the status of applicant's license for foreign filing.

Applicants may wish to consult the USPTO booklet, "General Information Concerning Patents” (specifically, the
section entitled "Treaties and Foreign Patents") for more information on timeframes and deadlines for filing foreign
patent applications. The guide is available either by contacting the USPTO Contact Center at 800-786-9199, or it
can be viewed on the USPTO website at http://www.uspto.gov/web/offices/pac/doc/general/index.html.

For information on preventing theft of your intellectual property (patents, trademarks and copyrights), you may wish
to consult the U.S. Government website, http://www.stopfakes.gov. Part of a Department of Commerce initiative,
this website includes self-help "toolkits" giving innovators guidance on how to protect intellectual property in specific
countries such as China, Korea and Mexico. For questions regarding patent enforcement issues, applicants may
call the U.S. Government hotline at 1-866-999-HALT (1-866-999-4158).

LICENSE FOR FOREIGN FILING UNDER
Title 35, United States Code, Section 184
Title 37, Code of Federal Regulations, 5.11 & 5.15
GRANTED

The applicant has been granted a license under 35 U.S.C. 184, if the phrase "IF REQUIRED, FOREIGN FILING
LICENSE GRANTED" followed by a date appears on this form. Such licenses are issued in all applications where
the conditions for issuance of a license have been met, regardless of whether or not a license may be required as

page 2 of 3
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set forth in 37 CFR 5.15. The scope and limitations of this license are set forth in 37 CFR 5.15(a) unless an earlier
license has been issued under 37 CFR 5.15(b). The license is subject to revocation upon written notification. The
date indicated is the effective date of the license, unless an earlier license of similar scope has been granted under
37 CFR 5.13 or 5.14.

This license is to be retained by the licensee and may be used at any time on or after the effective date thereof unless
it is revoked. This license is automatically transferred to any related applications(s) filed under 37 CFR 1.53(d). This
license is not retroactive.

The grant of a license does not in any way lessen the responsibility of a licensee for the security of the subject matter
as imposed by any Government contract or the provisions of existing laws relating to espionage and the national
security or the export of technical data. Licensees should apprise themselves of current regulations especially with
respect to certain countries, of other agencies, particularly the Office of Defense Trade Controls, Department of
State (with respect to Arms, Munitions and Implements of War (22 CFR 121-128)); the Bureau of Industry and
Security, Department of Commerce (15 CFR parts 730-774); the Office of Foreign AssetsControl, Department of
Treasury (31 CFR Parts 500+) and the Department of Energy.

NOT GRANTED

No license under 35 U.S.C. 184 has been granted at this time, if the phrase "IF REQUIRED, FOREIGN FILING
LICENSE GRANTED" DOES NOT appear on this form. Applicant may still petition for a license under 37 CFR 5.12,
if a license is desired before the expiration of 6 months from the filing date of the application. If 6 months has lapsed
from the filing date of this application and the licensee has not received any indication of a secrecy order under 35
U.S.C. 181, the licensee may foreign file the application pursuant to 37 CFR 5.15(b).
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UNITED STATES PATENT AND TRADEMARK OFFICE

UNTTED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS
PQ. Box 1450
Alexandria, Virginia 22313-1430
WWW.USDto.gov

| APPLICATION NUMBER

FILING OR 371(C) DATE I FIRST NAMED APPLICANT I ATTY. DOCKET NO./TITLE |
12/779,660 05/13/2010 David M. Krinsky 5550-2-CON2-1-1
CONFIRMATION NO. 8981
62574 IMPROPER CPOA LETTER
Jason H. Vick

Sheridan Ross, PC R A
Suite # 1200 0000000417995

1560 Broadway
Denver, CO 80202

Date Mailed: 06/01/2010

NOTICE REGARDING POWER OF ATTORNEY

This is in response to the Power of Attorney filed 05/13/2010. The Power of Attorney in this application is not
accepted for the reason(s) listed below:

+ The Power of Attorney you provided did not comply with the new Power of Attorney rules that became
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IN THE UNITED STATES PATENT AND TRADEMARK OFFICE

In Re the Application of: David M. Krinsky Group Art Unit:
Application No.: Examiner:
Filed: Herewith Confirmation No.:

Atty. File No.: 5550-2-CON2-1-1

R N e N W N g Ny

For: MULTICARRIER MODULATION MESSAGING FOR POWER LEVEL PER
SUBCHANNEL INFORMATION (As Amended)

Commissioner for Patents
P.O. Box 1450
Alexandria, VA 22313

PRELIMINARY AMENDMENT

Dear Sir:

Prior to the initial review of the above-identified patent application by the Examiner,
please enter the following Preliminary Amendment. Although Applicants do not believe that any
fees are due based upon the filing of this Preliminary Amendment, please charge any such fees to
Deposit Account 19-1970.

Please amend the above-identified patent application as follows:

Amendments to the Specification begin on page 2 of this paper.

Amendments to the Claims are shown in the listing of claims which begin on page 3 of
this paper.

Remarks begin on page 6 of this paper.
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AMENDMENTS TO THE SPECIFICATION

Please change the title to read as follows:

MULTICARRIER MODULATION MESSAGING FOR POWER LEVEL PER
SUBCHANNEL INFORMATION

Please insert the following paragraph as the first paragraph beneath the title:

Related Application Data
This application is a continuation of U.S. Application No. 12/477,742, filed June 3, 2009,

which is a continuation of U.S. Application No. 10/619,691, filed July 16, 2003, now U.S. Patent
No. 7,570,686, which is a divisional of U.S. Application No. 09/755,173, filed January 8, 2001,
now U.S. Patent No. 6,658,052, which claims the benefit of and priority under 35 U.S.C. §119(e)
to U.S. Provisional Application No. 60/224,308, filed August 10, 2000 entitled “Characterization
of transmission lines using broadband signals in a multi-carrier DSL system,” and U.S.
Provisional Application No. 60/174,865, filed January 7, 2000 entitled “Multicarrier Modulation
System with Remote Diagnostic Transmission Mode”, each of which are incorporated herein by

reference in their entirety.
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AMENDMENTS TO THE CLAIMS:
This listing of claims will replace all prior versions, and listings, of claims in the
application.

Listing of Claims:

1. — 43. (Cancelled)

44.  (New) A transceiver capable of transmitting test information over a
communication channel using multicarrier modulation comprising:

a transmitter portion capable of transmitting a message, wherein the message comprises
one or more data variables that represent the test information, wherein bits in the message are
modulated onto DMT symbols using Quadrature Amplitude Modulation (QAM) with more than
1 bit per subchannel and wherein at least one data variable of the one or more data variables

comprises an array representing power level per subchannel information.

45.  (New) The transceiver of claim 44, wherein the power level per subchannel

information is based on a Reverb signal.

46.  (New) A transceiver capable of receiving test information over a communication
channel using multicarrier modulation comprising:

a receiver portion capable of receiving a message, wherein the message comprises one or
more data variables that represent the test information, wherein bits in the message were
modulated onto DMT symbols using Quadrature Amplitude Modulation (QAM) with more than
1 bit per subchannel and wherein at least one data variable of the one or more data variables

comprises an array representing power level per subchannel information.

47.  (New) The transceiver of claim 46, wherein the power level per subchannel

information is based on a Reverb signal.

48. (New) In a transceiver capable of transmitting test information over a

communication channel using multicarrier modulation, a method comprising:
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transmitting a message, wherein the message comprises one or more data variables that
represent the test information, wherein bits in the message are modulated onto DMT symbols
using Quadrature Amplitude Modulation (QAM) with more than 1 bit per subchannel and
wherein at least one data variable of the one or more data variables comprises an array

representing power level per subchannel information.

49.  (New) The method of claim 48, wherein the power level per subchannel

information is based on a Reverb signal.

50. (New) In a transceiver capable of receiving test information over a
communication channel using multicarrier modulation, a method comprising:

receiving a message, wherein the message comprises one or more data variables that
represent the test information, wherein bits in the message were modulated onto DMT symbols
using Quadrature Amplitude Modulation (QAM) with more than 1 bit per subchannel and
wherein at least one data variable of the one or more data variables comprises an array

representing power level per subchannel information.

51.  (New) The method of claim 50, wherein the power level per subchannel

information is based on a Reverb signal.

52.  (New) A non-transitory computer-readable information storage media having
stored thereon instructions that, if executed, cause a transceiver to perform a method comprising:

transmitting a message, wherein the message comprises one or more data variables that
represent the test information, wherein bits in the message are modulated onto DMT symbols
using Quadrature Amplitude Modulation (QAM) with more than 1 bit per subchannel and
wherein at least one data variable of the one or more data variables comprises an array

representing power level per subchannel information.

53.  (New) The media of claim 52, wherein the power level per subchannel

information is based on a Reverb signal.
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54.  (New) A non-transitory computer-readable information storage media having
stored thereon instructions that, if executed, cause a transceiver to perform a method comprising:

receiving a message, wherein the message comprises one or more data variables that
represent the test information, wherein bits in the message were modulated onto DMT symbols
using Quadrature Amplitude Modulation (QAM) with more than 1 bit per subchannel and
wherein at least one data variable of the one or more data variables comprises an array

representing power level per subchannel information.

55.  (New) The media of claim 54, wherein the power level per subchannel

information is based on a Reverb signal.
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REMARKS/ARGUMENTS

By this amendment, claim 1-43 have been cancelled without prejudice or disclaimer in

favor of the newly presented claims 44-55 that are directed toward more specific aspects of the
invention.

Applicant requests examination on the merits.

Applicant believes that the pending claims are in condition for allowance and such
disposition is respectfully requested. In the event that a telephone conversation would further
prosecution and/or expedite allowance, the Examiner is invited to contact the undersigned.

The Commissioner is hereby authorized to charge to Deposit Account No. 19-1970 any
fees under 37 C.F.R. §§ 1.16 and 1.17 that may be required by this paper and to credit any .
overpayment to that Account. If any extension of time is required in connection with the filing

of this paper and has not been separately requested, such extension is hereby Petitioned.

Respectfully submitted,

SHERIDAN ROSS P.C.

——
A%
Registration No. 45,285
1560 Broadway, Suite 1200
Denver, Colorado 80202-5141
Date: [ Ma~r 7/¢ (303) 863-9700

6 Attorney Docket No.: 5550-2-CON2-1-1

Page 813 of 849



10

15

20

25

30

Docket No. 081513-000004

SYSTEMS AND METHODS FOR ESTABLISHING A DIAGNOSTIC
TRANSMISSION MODE AND COMMUNICATING OVER THE SAME

Field of the Invention
This invention relates to test and diagnostic information. In particular, this invention

relates to a robust system and method for communicating diagnostic information.

Background of the Invention

The exchange of diagnostic and test information between transceivers in a
telecommunications environment is an important part of a telecommunications, such as an
ADSL, deployment. In cases where the transceiver connection is not performing as expected,
for example, where the data rate is low, where there are many bit errors, or the like, it is
necessary to collect diagnostic and test information from the remote transceiver. This is
performed by dispatching a technician to the remote site, e.g., a truck roll, which is time
consuming and expensive.

In DSL technology, communications over a local subscriber loop between a central
office and a subscriber premises is accomplished by modulating the data to be transmitted
onto a multiplicity of discrete frequency carriers which are summed together and then
transmitted over the subscriber loop. Individually, the carriers form discrete, non-
overlapping communication subchannels of limited bandwidth. Collectively, the carriers
form what is effectively a broadband communications channel. At the receiver end, the
carriers are demodulated and the data recovered.

DSL systems experience disturbances from other data services on adjacent phone
lines, such as, for example, ADSL, HDSL, ISDN, T1, or the like. These disturbances may
commence after the subject ADSL service is already initiated and, since DSL for internet
access is envisioned as an always-on service, the effect of these disturbances must be

ameliorated by the subject ADSL transceiver.

SUMMARY OF THE INVENTION

The systems and methods of this invention are directed toward reliably exchanging
diagnostic and test information between transceivers over a digital subscriber line in the

presence of voice communications and/or other disturbances. For simplicity of reference, the
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systems and methods of the invention will hereafter refer to the transceivers generically as
modems. One such modem is typically located at a customer premises such as a home or
business and is “downstream” from a central office with which it communicates. The other
modem is typically located at the central office and is “upstream” from the customer
premises. Consistent with industry practice, the modems are often referred to as “ATU-R”
(“ADSL transceiver unit, remote,” i.¢., located at the customer premises) and “ATU-C”
(“ADSL transceiver unit, central office” i.e., located at the central office). Each modem
includes a transmitter section for transmitting data and a receiver section for receiving data,
and is of the discrete multitone type, i.e., the modem transmits data over a multiplicity of
subchannels of limited bandwidth. Typically, the upstream or ATU-C modem transmits data
to the downstream or ATU-R modem over a first set of subchannels, which are usually the
higher-frequency subchannels, and receives data from the downstream or ATU-R modem
over a second, usually smaller, set of subchannels, commonly the lower-frequency
subchannels. By establishing a diagnostic link mode between the two modems, the systems
and methods of this invention are able to exchange diagnostic and test information in a
simple and robust manner.

In the diagnostic link mode, the diagnostic and test information is communicated
using a signaling mechanism that has a very high immunity to noise and/or other disturbances
and can therefore operate effectively even in the case where the modems could not actually
establish an acceptable connection in their normal operational mode.

For example, if the ATU-C and/or ATU-R modem fail to complete an initialization
sequence, and are thus unable to enter a normal steady state communications mode, where the
diagnostic and test information would normally be exchanged, the modems according to the
systems and methods of this invention enter a robust diagnostic link mode. Alternatively, the
diagnostic link mode can be entered automatically or manually, for example, at the direction
of auser. In the robust diagnostic link mode, the modems exchange the diagnostic and test
information that is, for example, used by a technician to determine the cause of a failure
without the technician having to physically visit, i.e., a truckroll to, the remote site to collect
data.

The diagnostic and test information can include, for example, but is not limited to,
signal to noise ratio information, equalizer information, programmable gain setting
information, bit allocation information, transmitted and received power information, margin
information, status and rate information, telephone line condition information, such as the

length of the line, the number and location of bridged taps, a wire gauge, or the like, or any
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other known or later developed diagnostic or test information that may be appropriate for the
particular communications environment. For example, the exchanged diagnostic and test
information can be directed toward specific limitations of the modems, to information
relating to the modem installation and deployment environment, or to other diagnostic and
test information that can, for example, be determined as needed which may aid in evaluating
the cause of a specific failure or problem. Alternatively, the diagnostic and test information
can include the loop length and bridged tap length estimations as discussed in copending
Attorney Docket No. 081513-000003, filed herewith and incorporated herein by reference in
its entirety.

For example, an exemplary embodiment of the invention illustrates the use of the
diagnostic link mode in the communication of diagnostic information from the remote
terminal (RT) transceiver, e.g., ATU-R, to the central office (CO) transceiver, e.g., ATU-C.
Transmission of information from the remote terminal to the central office is important since
a typical ADSL service provider is located in the central office and would therefore benefit
from the ability to determine problems at the remote terminal without a truckroll. However,
it is to be appreciated, that the systems and the methods of this invention will work equally
well in communications from the central office to the remote terminal.

These and other features and advantages of this invention are described in or are

apparent from the following detailed description of the embodiments.

BRIEF DESCRIPTION OF THE DRAWINGS

The embodiments of the invention will be described in detail, with reference to the
following figures wherein:

Fig. 1 is a functional block diagram illustrating an exemplary communications system
according to this invention; and

Fig. 2 is a flowchart outlining an exemplary method for communicating diagnostic

and test information according to this invention.

DETAILED DESCRIPTION OF THE INVENTION
For ease of illustration the following description will be described in relation to the
CO receiving diagnostic and test information from the RT. In the exemplary embodiment,
the systems and methods of this invention complete a portion of the normal modem
initialization before entering into the diagnostic link mode. The systems and methods of this

invention can enter the diagnostic link mode manually, for example, at the direction of a
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technician or a user after completing a portion of initialization. Alternatively, the systems
and methods of this invention can enter the diagnostic link mode automatically based on, for
example, a bit rate failure, a forward error correction or a CRC error during showtime, e.g.,
the normal steady state transmission mode, or the like. The transition into the diagnostic link
mode is accomplished by transmitting a message from the CO modem to the RT modem
indicating that the modems are to enter into the diagnostic link mode, as opposed to
transitioning into the normal steady state data transmission mode. Alternatively, the
transition into the diagnostic link mode is accomplished by transmitting a message from the
RT modem to the CO modem indicating that the modems are to enter into the diagnostic link
mode as opposed to transitioning into the normal steady state data transmission mode. For
example, the transition signal uses an ADSL state transition to transition from a standard
ADSL state to a diagnostic link mode state.

In the diagnostic link mode, the RT modem sends diagnostic and test information in
the form of a collection of information bits to the CO modem that are, for example,
modulated by using one bit per DTM symbol modulation, as is used in the C-Rates] message
in the ITU and ANSI ADSL standards, where the symbol may or may not include a cyclic
prefix. Other exemplary modulation techniques include Differential Phase Shift Keying
(DPSK) on a subset or all the carriers, as specified in, for example, ITU standard G.994.1,
higher order QAM modulation (>1 bit per carrier), or the like.

In the one bit per DMT symbol modulation message encoding scheme, a bit with
value 0 is mapped to the REVERBI signal and a bit with a value of 1 mapped to a SEGUE1
signal. The REVERBI1 and SEGUEI signals are defined in the ITU and ANSI ADSL
standards. The REVERBI signal is generated by modulating all of the carriers in the
multicarrier system with a known pseudo-random sequence thus generating a wideband
modulated signal. The SEGUEI signal is generated from a carrier by 180 degree phase
reversal of the REVERBI signal. Since both signals are wideband and known in advance,
the receiver can easily detect the REVERB1 and SEGUE] signal using a simple matched

filter in the presence of large amounts of noise and other disturbances.
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Exemplary Message Variables
Data Sent in the Diag Link
Train Type
ADSL Standard
Chip Type
Vendor ID
Code Version
Average Reverb Received Signal
Programmable gain amplifier (PGA) Gain — Training
Programmable gain amplifier PGA Gain — Showtime
Filter Present during Idle Channel Calculation
Average Idle Channel Noise
Signal to Noise during Training
Signal to Noise during Showtime
Bits and Gains
Data Rate
Framing Mode
Margin
Reed-Solomon Coding Gain
QAM Usage
Frequency Domain Equalizer (FDQ) Coefficients
Gain Scale
Time domain equalizer (TDQ) Coefficients
Digital Echo Canceller (DEC) Coefficients

Table 1
Table 1 shows an example of a data message that can be sent by the RT to the CO

during the diagnostic link mode. In this example, the RT modem sends 23 different data
variables to the CO. Each data variable contains different items of diagnostic and test
information that are used to analyze the condition of the link. The variables may contain
more than one item of data. For example, the Average Reverb Signal contains the power
levels per tone, up to, for example, 256 entries, detected during the ADSL Reverb signal.
Conversely, the PGA Gain — Training is a single entry, denoting the gain in dB at the receiver
during the ADSL training.

Many variables that represent the type of diagnostic and test information that are used
to analyze the condition of the link are sent from the RT modem to the CO modem. These
variables can be, for example, arrays with different lengths depending on, for example,
information in the initiate diagnostic mode message. The systems and methods of this

invention can be tailored to contain many different diagnostic and test information variables.
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Thus, the system is fully configurable, allowing subsets of data to be sent and additional data
variables to be added in the future. Therefore, the message length can be increased or
decreased, and diagnostic and test information customized, to support more or less variables
as, for example, hardware, the environment and/or the telecommunications equipment
dictates.

Therefore, it is to be appreciated, that in general the variables transmitted from the
modem being tested to the receiving modem can be any combination of variables which
allow for transmission of test and/or diagnostic information.

Fig. 1 illustrates an exemplary embodiment of the additional modem components
associated with the diagnostic link mode. In particular, the diagnostic link system 100
comprises a central office modem 200 and a remote terminal modem 300. The central office
modem 200 comprises, in addition to the standard ATU-C components, a CRC checker 210,
a diagnostic device 220, and a diagnostic information monitoring device 230. The remote
terminal modem 300 comprises, in addition to the standard components associated with an
ATU-R, a message determination device 310, a power control device 320, a diagnostic device
330 and a diagnostic information storage device 340. The central office modem 200 and the
remote terminal model 300 are also connected, via link 5, to a splitter 10 for a phone switch
20, and a splitter 30 for a phone 40. Alternatively, the ATU-R can operate without a splitter,
e.g., splitterless, as specified in ITU standard G.992.2 (G.lite) or with an in-line filter in series
with the phone 40. In addition, the remote terminal modem 300, can also be connected to, for
example, one or more user terminals 60. Additionally, the central office modem 200 can be
connected to one or more distributed networks 50, via link 5, which may or may not also be
connected to one or more other distributed networks.

While the exemplary embodiment illustrated in Fig. 1 shows the diagnostic link
system 100 for an embodiment in which the remote terminal modem 300 is communicating
test and diagnostic information to the central office 200, it is to be appreciated that the
various components of the diagnostic link system can be rearranged such that the diagnostic
and test information can be forwarded from the central office 200 to the remote terminal
modem 300, or, alternatively, such that both modems can send and receive diagnostic and/or
test information. Furthermore, it is to be appreciated, that the components of the diagnostic
link system 100 can be located at various locations within a distributed network, such as the -
POTS network, or other comparable telecommunications network. Thus, it should be
appreciated that the components of the diagnostic link system 100 can be combined into one

device for respectively transmitting, receiving, or transmitting and receiving diagnostic
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and/or test information. As will be appreciated from the following description, and for
reasons of computational efficiency, the components of the diagnostic link system 100 can be
arranged at any location within a telecommunications network and/or modem without
affecting the operation of the system.

The links 5 can be a wired or wireless link or any other known or later developed
element(s) that is capable of supplying and communicating electronic data to and from the
connected elements. Additionally, the user terminal 60 can be, for example, a personal
computer or other device allowing a user to interface with and communicate over a modem,
such as a DSL modem. Furthermore, the systems and method of this invention will work
equally well with splitterless and low-pass mulitcarrier modem technologies.

In operation, the remote terminal 300, commences its normal initialization sequence.
The diagnostic device 330 monitors the initialization sequence for a failure. If there is a
failure, the diagnostic device 330 initiates the diagnostic link mode. Alternatively, a user or,
for example, a technician at the CO, can specify that the remote terminal 300 enter into the
diagnostic link mode after completing a portion of an initialization. Alternatively still, the
diagnostic device 330 can monitor the normal steady state data transmission of the remote
terminal, and upon, for example, an error threshold being exceeded, the diagnostic device 330
will initiate the diagnostic link mode.

Upon initialization of the diagnostic link mode, the diagnostic device 330, in
cooperation with the remote terminal 300 will transmit an initiate diagnostic link mode
message from the remote terminal to the central office 200 (RT to CO). Alternatively, the
central office modem 200 can transmit an initiate diagnostic link mode message to the remote
terminal modem 300. If the initiate diagnostic link mode message is received by the central
office 200, the diagnostic device 330, in cooperation with the message determination device
310, determines a diagnostic link message to be forwarded to the central office 200. For
example, the diagnostic link message can include test information that has been assembled
during, for example, the normal ADSL initialization procedure. The diagnostic and/or test
information can include, but is not limited to, the version number of the diagnostic link mode,
the length of the diagnostic and/or test information, the communications standard, such as the
ADSL standard, the chipset type, the vendor identifications, the ATU version number, the
time domain received reverb signal, the frequency domain reverb signal, the amplifier
settings, the CO transmitter power spectral density, the frequency domain received idle
channel, the signal to noise ratio, the bits and gains and the upstream and downstream

transmission rates, or the like.
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If the initiate diagnostic link mode message is not received by the central office 200,
the initiate diagnostic link mode message can, for example, be re-transmitted a predetermined
number of iterations until a determination is made that it is not possible to establish a
connection.

Assuming the initiate diagnostic link mode message is received, then, for a
predetermined number of iterations, the diagnostic device 330, in cooperation with the remote
terminal modem 300 and the diagnostic information storage device 340, transmits the
diagnostic link message with a cyclic redundancy check (CRC) to the central office modem
200. However, it is to be appreciated that in general, any error detection scheme, such as bit
error detection, can be used without affecting the operation of the system. The central office
200, in cooperation with the CRC checker 210, determines if the CRC is correct. If the CRC
is correct, the diagnostic information stored in the diagnostic information storage device 340
has been, with the cooperation of the diagnostic device 330, and the remote terminal modem
300, forwarded to the central office 200 successfully.

If, for example, the CRC checker 210 is unable to determine the correct CRC, the
diagnostic device 330, in cooperation with power control device 320, increases the
transmission power of the remote terminal 300 and repeats the transmission of the diagnostic
link message from the remote terminal 300 to the central office 200. This process continues
until the correct CRC is determined by the CRC checker 210.

The maximum power level used for transmission of the diagnostic link message can
be specified by, for example, the user or the ADSL service operator. If the CRC checker 210
does not determine a correct CRC at the maximum power level and the diagnostic link mode
can not be initiated then other methods for determining diagnostic information are utilized,
such as dispatching a technician to the remote site, or the like.

Alternatively, the remote terminal 300, with or without an increase in the power level,
can transmit the diagnostic link message several times, for example, 4 times. By transmitting
the diagnostic link message several times, the CO modem 200 can use, for example, a
diversity combining scheme to improve the probability of obtaining a correct CRC from the
received diagnostic link message(s).

Alternatively, as previously discussed, the central office 200 comprises a diagnostic
information monitoring device 230. The remote terminal 300 can also include a diagnostic
information monitoring device. One or more of these diagnostic information monitoring
devices can monitor the normal steady state data transmission between the remote terminal

300 and the central office 200. Upon, for example, the normal steady state data transmission
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exceeded a predetermined error threshold, the diagnostic information monitoring device can
initiate the diagnostic link mode with the cooperation of the diagnostic device 300 and/or the
diagnostic device 220.

Fig. 2 illustrates an exemplary method for entering a diagnostic link mode in
accordance with this invention. In particular, control begins in step S100 and continues to
step S110. In step S110, the initialization sequence is commenced. Next, in step S120, if an
initialization failure is detected, control continues to step S170. Otherwise, control jumps to
step S130. In step S130, a determination is made whether the diagnostic link mode has been
selected. If the diagnostic link mode has been selected, control continues to step S170,
otherwise, control jumps to step S140.

In step S170, the initiate diagnostic link mode message is transmitted from, for
example, the remote terminal to the central office. Next, in step S180, a determination is
made whether the initiate diagnostic mode message has been received by the CO. If the
initiate diagnostic mode message has been received by the CO, control jumps to step S200.
Otherwise, control continues to step S190. In step S190, a determination is made whether to
re-transmit the initiate diagnostic mode message, for example, based on whether a
predetermined number of iterations have already been completed. If the initiate diagnostic
mode message is to be re-transmitted, control continues back to step S170. Otherwise,
control jumps to step S160.

In step S200, the diagnostic link message is determined, for example, by assembling
test and diagnostic information about one or more of the local loop, the modem itself, the
telephone network at the remote terminal, or the like. Next, in step S210, for a predetermined
number of iterations, steps S220-S240 are completed. In particular, in step S220 a diagnostic
link message comprising a CRC is transmitted to, for example, the CO. Next, in step S230,
the CRC is determined. Then, in step S240, a determination is made whether the CRC is
correct. Ifthe CRC is correct, the test and/or diagnostic information has been successfully
communicated and control continues to step S160.

Otherwise, if step S210 has completed the predetermined number of iterations, control
continues to step S250. In step S250, the transmission power is increased and control
continues back to step S210. Alternatively, as previously discussed, the diagnostic link
message may be transmitted a predetermined number of times, with our without a change in
the transmission power.

In step S140, the normal steady state data transmission is entered into between two

modems, such as the remote terminal and the cental office modems. Next, in step S150, a
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determination is made whether an error threshold during the normal steady state data
transmission has been exceeded. If the error threshold has been exceeded, control continues
to step S170. Otherwise, control jumps to step S160. In step S160, the control sequence
ends.

As shown in Fig. 1, the diagnostic link mode system can be implemented either on a
single program general purpose computer, a modem, such as a DSL modem, or a separate
program general purpose computer having a communications device. However, the
diagnostic link system can also be implemented on a special purpose computer, a
programmed microprocessor or microcontroller and peripheral integrated circuit element, an
ASIC or other integrated circuit, a digital signal processor, a hardwired electronic or logic
circuit such as a discrete element circuit, a programmed logic device such as a PLD, PLA,
FPGA, PAL, or the like, and associated communications equipment. In general, any device
capable of implementing a finite state machine that is capable of implementing the flowchart
illustrated in Fig. 2 can be used to implement a diagnostic link system according to this
invention.

Furthermore, the disclosed method may be readily implemented in software using
object or object-oriented software development environments that provide portable source
code that can be used on a variety of computer, workstation, or modem hardware platforms.
Alternatively, the disclosed diagnostic link system may be implemented partially or fully in
hardware using standard logic circuits or a VLSI design. Other software or hardware can be
used to implement the systems in accordance with this invention depending on the speed
and/or efficiency requirements of the systems, the particular function, and a particular
software or hardware systems or microprocessor or microcomputer systems being utilized.
The diagnostic link system and methods illustrated herein however, can be readily
implemented in hardware and/or software using any known or later developed systems or
structures, devices and/or software by those of ordinary skill in the applicable art from the
functional description provided herein and with a general basic knowledge of the computer
and telecommunications arts.

Moreover, the disclosed methods can be readily implemented as software executed on
a programmed general purpose computer, a special purpose computer, a miCroprocessor, or
the like. In these instances, the methods and systems of this invention can be implemented as
a program embedded on a modem, such a DSL modem, as a resource residing on a personal
computer, as a routine embedded in a dedicated diagnostic link system, a central office, or the

like. The diagnostic link system can also be implemented by physically incorporating the
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system and method into a software and/or hardware system, such as a hardware and software
systems of a modem, a general purpose computer, an ADSL line testing device, or the like.
It is, therefore, apparent that there is provided in accordance with the present

invention, systems and methods for transmitting a diagnostic link message. While this
invention has been described in conjunction with a number of embodiments, it is evident that
many alternatives, modifications and variations would be or are apparent to those of ordinary
skill in the applicable arts. Accordingly, applicants intend to embrace all such alternatives,
modifications, equivalents and variations that are within the spirit and the scope of this

invention.
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What is Claimed is:

1. A diagnostic link system for communicating data between modems using
multicarrier modulation comprising:

an initiate diagnostic mode trigger that instructs a transmitting modem to
forward an initiate diagnostic mode message to a receiving modem;

a message determination device that determines a diagnostic link message; and

a receiving modem diagnostic device that receives the diagnostic link message
and determines the accuracy of the diagnostic link message.

2. The system of claim 1, further comprising a power control device that
increases a transmission power of the diagnostic link message if the received diagnostic link
message is inaccurate.

3. The system of claim 1, wherein the diagnostic link message is re-transmitted a
predetermined number of times.

4. The system of claim 1, wherein the diagnostic link message comprises at least
one of test and diagnostic information.

5. The system of claim 4, wherein the diagnostic link message comprises at least
one of a version number of a diagnostic link mode, a length of the diagnostic information, a
communications standard, a chipset type, one or more vendor identifications, an ATU version
number, a time domain received reverb signal, a frequency domain reverb signal, an amplifier
setting, a CO transmitter power spectral density, a frequency domain received idle channel, a
signal to noise ratio, bits and gain information, and upstream and downstream transmission
rates.

6. The system of claim 1, wherein the accuracy is determined based on at least
one of an error detecting scheme, a bit error detection and a cyclic redundancy check.

7. The system of claim 1, wherein the trigger is based on at least one of an
initialization failure, a bit rate failure, a CRC error in an initialization message, a CRC error
during a normal steady state transmission mode, a forward error correction error, a user
request, a central office modem request and a remote terminal modem request.

8. The system of claim 1, wherein the transmitting modem completes a portion
of a modem initialization sequence before forwarding the initiate diagnostic mode message.

9. The system of claim 1, wherein the transmitting modem is at least one of a
central office modem and a remote terminal modem.

10. The system of claim 1, wherein the receiving modem is at least one of a

central office modem and a remote terminal modem.
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11. A method for communicating data between modems using multicarrier

modulation comprising:

instructing a transmitting modem to forward an initiate diagnostic mode
message to a receiving modem;

determining a diagnostic link message;

transmitting the diagnostic link message; and

determining the accuracy of the transmitted diagnostic link message.

12. The method of claim 11, further comprising increasing a transmission power
of the diagnostic link message if a received diagnostic link message is inaccurate.

13. The method of claim 11, further comprising transmitting the diagnostic link
message a predetermined number of times.

14. The method of claim 11, wherein the diagnostic link message comprises at
least one of test and diagnostic information.

15. The method of claim 14, wherein the diagnostic link message comprises at
least one of a version number of a diagnostic link mode, a length of the diagnostic
information, a communications standard, a chipset type, one or more vendor identifications,
an ATU version number, a time domain received reverb signal, a frequency domain reverb
signal, an amplifier setting, a CO transmitter power spectral density, a frequency domain
received idle channel, a signal to noise ratio, bits and gain information, and upstream and
downstream transmission rates.

16. The method of claim 11, wherein the accuracy is determined based on at least
one of an error detecting scheme, a bit error detection and a cyclic redundancy check.

17. The method of claim 11, wherein the initiate diagnostic mode message is
based on at least one of an initialization failure, a bit rate failure, a CRC error in an
initialization message, a CRC error during the normal steady state transmission mode, a
forward error correction error, a user request, a central office modem request and a remote
terminal modem request.

18. The method of claim 11, further comprising completing a portion of a modem
initialization sequence before forwarding the initiate diagnostic mode message.

19. The method of claim 11, wherein a transmitting modem is at least one of a
central office modem and a remote terminal modem.

20. The method of claim 11, wherein a receiving modem is at least one of a

central office modem and a remote terminal modem.
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21. A method for communicating data between modems using multicarrier

modulation comprising:

receiving an initiate diagnostic mode message;

determining a diagnostic link message;

transmitting the diagnostic link message; and

at least one of increasing a transmission power of the diagnostic link message
if the received diagnostic link message is inaccurate and re-transmitting the diagnostic link
message a predetermined number of times.

22. The method of claim 21, wherein the diagnostic link message comprises at
least one of test and diagnostic information.

23. The method of claim 22, wherein the diagnostic link message comprises at
least one of a version number of a diagnostic link mode, a length of the diagnostic
information, a communications standard, a chipset type, one or more vendor identifications,
an ATU version number, a time domain received reverb signal, a frequency domain reverb
signal, an amplifier setting, a CO transmitter power spectral density, a frequency domain
received idle channel, a signal to noise ratio, bits and gain information, and upstream and
downstream transmission rates.

24, The method of claim 21, wherein the accuracy is determined based on at least
one of an error detecting scheme, a bit error detection and a cyclic redundancy check.

25. The method of claim 21, wherein the initiate diagnostic mode message is
based on at least one of an initialization failure, a bit rate failure, a CRC error in an
initialization message, a CRC error during the normal steady state transmission mode, a
forward error correction error, a user request, a central office modem request and a remote
terminal modem request.

26. The method of claim 21, further comprising completing a portion of a modem
initialization sequence before forwarding the initiate diagnostic mode message.

27. The method of claim 21, wherein a transmitting modem is at least one of a
central office modem and a remote terminal modem.

28. The method of claim 21, wherein a receiving modem is at least one of a
central office modem and a remote terminal modem.

29. A method for communicating data between modems using multicarrier
modulation comprising:

receiving an initiate diagnostic mode message;

determining the accuracy of a received diagnostic link message; and
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receiving at least one of an increased transmission power diagnostic link
message if the received diagnostic link message is inaccurate and a re-transmission of a
predetermined number of the diagnostic link messages.

30. The method of claim 29, wherein the diagnostic link message comprises at
least one of test and diagnostic information.

31. The method of claim 30, wherein the received diagnostic link message
comprises at least one of a version number of a diagnostic link mode, a length of the
diagnostic information, a communications standard, a chipset type, one or more vendor
identifications, an ATU version number, a time domain received reverb signal, a frequency
domain reverb signal, an amplifier setting, a CO transmitter power spectral density, a
frequency domain received idle channel, a signal to noise ratio, bits and gain information, and
upstream and downstream transmission rates.

32. The method of claim 29, wherein the accuracy is determined based on at least
one of an error detecting scheme, a bit error detection and a cyclic redundancy check.

33. The method of claim 29, wherein the initiate diagnostic mode message is
based on at lcast one of an initialization failure, a bit rate failure, a CRC error in an
initialization message, a CRC error during the normal steady state transmission mode, a
forward error correction error, a user request, a central office modem request and a remote
terminal modem request.

34. The method of claim 29, further comprising completing a portion of a modem
initialization sequence before receiving the initiate diagnostic mode message.

35.  An information storage media comprising information for communicating data
between modems using multicarrier modulation comprising:

information that instructs a transmitting modem to forward an initiate
diagnostic mode message to a receiving modem;

information that determines a diagnostic link message;

information that transmits the diagnostic link message; and

information that determines the accuracy of the transmitted diagnostic link
message.

36. An information storage media comprising information for communicating data
between modems using multicarrier modulation comprising:

information that receives an initiate diagnostic mode message;
information that determines a diagnostic link message;

information that transmits the diagnostic link message; and
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information that at least one of increases a transmission power of the
diagnostic link message if the received diagnostic link message is inaccurate and re-transmits
the diagnostic link message a predetermined number of times.
37.  An information storage media comprising information for communicating data
between modems using multicarrier modulation comprising:
information that receives an initiate diagnostic mode message;
information that determines the accuracy of a received diagnostic link
message; and
information that receives at least one of an increased transmission power
diagnostic link message if the received diagnostic link message is inaccurate and a re-
transmission of a predetermined number of the diagnostic link messages.
38. A method for communicating diagnostic information between DSL modems
using multicarrier modulation comprising:
completing a portion of a modem initialization sequence;
transmitting an initiate diagnostic communication mode message to a
receiving modem;
entering a diagnostic communications mode based on at least one of an
initialization failure, a bit rate failure, a CRC error in an initialization message, a CRC error
during the normal steady state transmission mode, a forward error correction error, a user
request, a central office modem request and a remote terminal modem request; and
transmitting a diagnostic link message comprising at least one of a version
number of a diagnostic link mode, a length of the diagnostic information, a communications
standard, a chipset type, one or more vendor identifications, an ATU version number, a time
domain received reverb signal, a frequency domain reverb signal, an amplifier setting, a CO
transmitter power spectral density, a frequency domain received idle channel, a signal to
noise ratio, bits and gain information, and upstream and downstream transmission rates.
39. The method of claim 38, further comprising re-transmitting the diagnostic link
message a predetermined number of times.
40. The method of claim 38, further comprising increasing a transmission power
of the diagnostic link message.
41. A method for communicating diagnostic information between DSL modems
using multicarrier modulation comprising:
completing a portion of a modem initialization sequence;

receiving an initiate diagnostic communication mode message;
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entering a diagnostic communications mode based on at least one of an
initialization failure, a bit rate failure, a CRC error in an initialization message, a CRC error
during the normal steady state transmission mode, a forward error correction error, a user
request, a central office modem request and a remote terminal modem request;
receiving a diagnostic link message comprising at least one of a version
number of a diagnostic link mode, a length of the diagnostic information, a communications
standard, a chipset type, one or more vendor identifications, an ATU version number, a time
domain received reverb signal, a frequency domain reverb signal, an amplifier setting, a CO
transmitter power spectral density, a frequency domain received idle channel, a signal to
noise ratio, bits and gain information, and upstream and downstream transmission rates.
42. The method of claim 41, further comprising receiving a re-transmitted
diagnostic link message a predetermined number of times.
43. The method of claim 41, further comprising receiving an increased

transmission power diagnostic link message.
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ABSTRACT OF THE DISCLOSURE

Upon detection of a trigger, such as the exceeding of an error threshold or the
direction of a user, a diagnostic link system enters a diagnostic information transmission
mode. This diagnostic information transmission mode allows for two modems to exchange
diagnostic and/or test information that may not otherwise be exchangeable during normal
communication. The diagnostic information transmission mode is initiated by transmitting an
initiate diagnostic link mode message to a receiving modem accompanied by a cyclic
redundancy check (CRC). The receiving modem determines, based on the CRC, if a robust
communications channel is present. If a robust communications channel is present, the two
modems can initiate exchange of the diagnostic and/or test information. Otherwise, the
transmission power of the transmitting modem is increased and the initiate diagnostic link
mode message re-transmitted to the receiving modem until the CRC is determined to be

correct.
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not claimed. Providing this information in the application data sheet constitutes the claim for priority as required by 35 U.S.C. 119(b)
and 37 CFR 1.55(a).

| Remove |
Application Number Country i Parent Filing Date (YYYY-MM-DD} Priority Claimed
(O Yes (o No
Additional Foreign Priority Data may be generated within this form by selecting the Y

Add button.

Assignee Information:

Providing this information in the application data sheet does not substitute for compliance with any requirement of part 3 of Title 37
of the CFR to have an assignment recorded in the Office.

Assignee 1

If the Assignee is an Crganization check here.

Organization Name AWARE, INC.

Mailing Address Information:

Address 1 40 Middlesex Turnpike

Address 2

City Bedford State/Province MA
Country i| US Postal Code 01730-1432
Phone Number Fax Number

Email Address

Additional Assignee Data may be generated within this form by selecting the Add

button. Add
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PTO/SB/14 (11-08)

Approved for use through 06/30/2010. OMB 0651-0032
U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE
Under the Paperwork Reducticn Act of 1985, no persons are required to respend to a collection of information unless it contains a valid OMB control number.

Application Data Sheet 37 CFR 1.76

Attorney Docket Number

5550-2-CON2-1-1

Application Number

Title of Invention | Multicarrier Modulation Messaging for Power Level Per Subchannel Information

Signature:

CFR 1.4(d) for the form of the signature.

A signature of the applicant or representative is required in accordance with 37 CFR 1.33 and 10.18. Please see 37

Signature |/Jason H. Vick/

Date (YYYY-MM-DD)| 2010-05-13

First Name | JasonH. Last Name

Vick

Registration Number | 45285

This collection of information is required by 37 CFR 1.76. The information is required to obtain or retain a benefit by the public which
is to file (and by the USPTO to process)} an application. Confidentiality is governed by 35 U.S.C. 122 and 37 CFR 1.14. This
collection is estimated to take 23 minutes to complete, including gathering, preparing, and submitting the completed application data
sheet form to the USPTO. Time will vary depending upon the individual case. Any comments on the amount of time you require to
complete this form and/or suggestions for reducing this burden, should be sent to the Chief Information Officer, U.S. Patent and
Trademark Office, U.S. Department of Commerce, P.O. Box 1450, Alexandria, VA 22313-1450. DO NOT SEND FEES OR
COMPLETED FORMS TO THIS ADDRESS. SEND TO: Commissioner for Patents, P.O. Box 1450, Alexandria, VA 22313-1450.
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Privacy Act Statement

The Privacy Act of 1974 (P.L. 93-579) requires that you be given certain information in connection with your submission of the attached form related to
a patent application or patent. Accordingly, pursuant to the requirements of the Act, please be advised that: (1) the general authority for the collection
of this information is 35 U.S.C. 2(b)(2); (2) furnishing of the information solicited is voluntary; and (3) the principal purpose for which the information is
used by the U.S. Patent and Trademark Office is to process and/or examine your submission related to a patent application or patent. If you do not
furnish the requested information, the U.S. Patent and Trademark Office may not be able to process and/or examine your submission, which may
result in termination of proceedings or abandonment of the application or expiration of the patent.

The information provided by you in this form will be subject to the following routine uses:

1.

The information on this form will be treated confidentially to the extent allowed under the Freedom of Information Act (5 U.S.C. 552)
and the Privacy Act (5 U.S.C. 552a). Records from this system of records may be disclosed to the Department of Justice to determine
whether the Freedom of Information Act requires disclosure of these records.

A record from this system of records may be disclosed, as a routine use, in the course of presenting evidence to a court, magistrate, or
administrative tribunal, including disclosures to opposing counsel in the course of settlement negotiations.

A record in this system of records may be disclosed, as a routine use, to a Member of Congress submitting a request involving an
individual, to whom the record pertains, when the individual has requested assistance from the Member with respect to the subject matter of
the record.

A record in this system of records may be disclosed, as a routine use, to a contractor of the Agency having need for the information in
order to perform a contract. Recipients of information shall be required to comply with the requirements of the Privacy Act of 1974, as
amended, pursuant to 5 U.S.C. 552a(m).

A record related to an International Application filed under the Patent Cooperation Treaty in this system of records may be disclosed,
as a routine use, to the International Bureau of the World Intellectual Property Organization, pursuant to the Patent Cooperation Treaty.

A record in this system of records may be disclosed, as a routine use, to another federal agency for purposes of National Security
review (35 U.8.C. 181) and for review pursuant to the Atomic Energy Act (42 U.8.C. 218(c)).

A record from this system of records may be disclosed, as a routine use, to the Administrator, General Services, or his/her designee,
during an inspection of records conducted by GSA as part of that agency’s responsibility to recommend improvements in records
management practices and programs, under authority of 44 U.S.C. 2904 and 2906. Such disclosure shall be made in accordance with the
GSA regulations governing inspection of records for this purpose, and any other relevant (i.e., GSA or Commerce) directive. Such
disclosure shall not be used to make determinations about individuals.

A record from this system of records may be disclosed, as a routine use, to the public after either publication of the application pursuant
to 35 U.S.C. 122(b) or issuance of a patent pursuant to 35 U.S.C. 151. Further, a record may be disclosed, subject to the limitations of 37
CFR 1.14, as a routine use, to the public if the record was filed in an application which became abandoned or in which the proceedings were
terminated and which application is referenced by either a published application, an application open to public inspections or an issued
patent.

A record from this system of records may be disclosed, as a routine use, to a Federal, State, or local law enforcement agency, if the
USPTO becomes aware of a violation or potential violation of law or regulation.
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PATENT APPLICATION
Attorney Docket No. 081513.00004

DECLARATION AND POWER OF ATTORNEY FOR PATENT APPLICATION
As a below named Inventor, | hereby declare that:
My residence, post office address and citizenship are as stated below next to my name,

| believe | am the original, first and sole inventor (if only one name is listed below) or an original, first and joint
Inventor {if plural names are listed below) of the subject matter which is ¢laimed and for which a patent is
sought on the invention entiled: SYSTEMS AND METHODS FOR ESTABLISHING A DIAGNOSTIC
TRANSMISSION MODE AND COMMUNICATING OVER THE SAME

the specification and claims of which

X are attached hereto OR [Jwasfiledon as U.S. Application No.

| hereby state that | have reviewed and understand the contents of the above-identified specification, including
the claims.

1 acknowlédge the duty to disclose information which is material to the patentability as defined In Title 37, Code
of Federal Regulations, §1.56.

I hereby claim priority benefits under Title 35, Unlted States Code, §119 of any foreign or U.S. Provisional
application(s) for patent listed below, and have also Identified below any foreign application(s) or Provisional
application(s) for patent having a fiing date befare that of the application on which priority Is clalmed:

Prior Forelgn or U.S. Provisional Application(s)

60/224,308 usa August 10, 2000 '
{Number) . (Gountry) (Day/Month/Year Flled)
60/174 B65 u.s.a January 7, 2000
(Number) . (Country) (Day/Month/Year Filed)

POWER OF ATTORNEY: As a named inventor, | hereby appoint the following registered practitioners 1o
prosecute this application and transact all business in the Patent and Trademark Office connected therewith.

Danlel W. Sixbey 20,932 Daniel S. Song 43,143
Stuart J. Friedman 24,312 Marc S. Kaufman 35,212
Charles M. Leedom, Jr. 26,477 James E. Howard 39,175
David S. Safran 27,997 Corinne R, Gorski 34,339
Thomas W. Cole 28,290 Kenneth H. Salen 43,077
Donald R. Studebaker 32,815 Jason H. Vick 45,285
Jeffrey L. Costellia 35,483 Carolyn Baumgardner 41,345
Tim L. Brackett. Jr. 36,002 Luan C. Do 38,434
| Eric J. Robinson 38,285 .
Direct all corespondence to: [X] Customer Number 22204

ADDRESS ALL CORRESPONDENCE TO:

Eric J. Robinson, Esq.

NIXON PEABODY LLP Eric J. Robinson
8180 Greensboro Drive (703) 790-9110
Suite 800 :
McLean, Virginia 22102 ~

DIRECT TELEPHONE CALLS TO:
(name and telephone number)

1 hereby declare that all statements made herein of my own knowledge are frue and that all statements made
on Information and belief ere believed to be true; and further that these statements were made with the
knowledge that willful false statements and the like so made are punishable by fine or imprisonment, or both,
under §1001 of Tiile 18 of the United States Code and that such willful false statements may jeopardize the
validity of the application or any patent issuing thereon.
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-2-
DECLARATION AND POWER OF ATTORNEY, continued
Name of sole or first inventor:  David M. KRINSKY

Inventor’s Signature: M Date: 7 /% /
Residence: 4 Ayer Road ; 7

Acton, MA 01720 J
Citizenship: U.S. _ Post Office Address:
" (Same as ebove)
Name of second Inventor: Robert Edmund PIZZANO, Jr.

Inventor's Signature: M"M I%ﬁ_ﬂ,_ Date: I / o/
Residence: 5 Bow Street Court /i _ AR
Stoneham, MA 02180

Citizenship: U.S. Post Offica AddrasS:
{Sams as above)

NVA166186.1
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PTO/SB/06 (07-06)

Approved for use through 1/31/2007. OMB 0651-0032
U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE
Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it displays a valid OMB control number.

PATENT APPLICATION FEE DETERMINATION RECORD | Application or Docket Number [ _ Filing Date
Substitute for Form PTO-875 12/779,660 05/13/2010 | [ To be Mailed
APPLICATION AS FILED — PART | OTHER THAN
(Column 1) (Column 2) SMALL ENTITY [] OR SMALL ENTITY
FOR NUMBER FILED NUMBER EXTRA RATE ($) FEE ($) RATE ($) FEE ($)
X Basic FEE N/A N/A N/A N/A 330
(37 CFR1.16(a). (b) or (c))
X seArRcH FEE
(37 CFR1.16(k). (). or (m)) N/A N/A N/A N/A 540
E EXAMINATION FEE
(37 CFR 1.16{0), (o). or () N/A N/A N/A N/A 220
é?%pélk(ihlgl('l\f)s 12 minus20= | * 0 Xs = OR | X s62= 0
I(QIPCEERET?;EI; CLAIMS 6 minuss=*3 X$ = X $220 = 660
If the specification and drawings exceed 100
O sheets of paper, the application size fee due
%F;P(';-'__'g’:TJGON SIZE FEE is $250 ($125 for small entity) for each
( 66D additional 50 sheets or fraction thereof. See
35 U.S.C. 41(a)(1)(G) and 37 CFR 1.16(s).
l:l MULTIPLE DEPENDENT CLAIM PRESENT (37 CFR 1.16(j))
* If the difference in column 1 is less than zero, enter “0” in column 2. TOTAL TOTAL 1750
APPLICATION AS AMENDED - PART 1l
OTHER THAN
(Column 1) (Column 2) (Column 3) SMALL ENTITY OR SMALL ENTITY
CLAIMS HIGHEST
REMAINING NUMBER PRESENT ADDITIONAL ADDITIONAL
| 05/13/2010 AFTER PREVIOUSLY EXTRA RATE ($) FEE ($) RATE (8) FEE ($)
E AMENDMENT PAID FOR
g ;l'?;ia)l) (37 CFR « 12 Minus | = 20 =0 X$ = OR | x $52= 0
z | e -6 ins | -6 - 0 xs - or | x szo- 0
<§( D Application Size Fee (37 CFR 1.16(s))
|:| FIRST PRESENTATION OF MULTIPLE DEPENDENT CLAIM (37 CFR 1.16(j)) OR
TOTAL TOTAL
ADD’L OR ADDL 0
FEE FEE
(Column 1) (Column 2) (Column 3)
CLAIMS HIGHEST
REMAINING NUMBER PRESENT ADDITIONAL ADDITIONAL
AFTER PREVIOUSLY EXTRA RATE 8) | FEg () RATE (8) FEE (3)
- AMENDMENT PAID FOR
g | o e . Minus | = = xs = oRrR [ xs =
= | Independent * Minus [| = = Xs$ = OR | xs =
N (7 CFR 116(h) ~
E D Application Size Fee (37 CFR 1.16(s))
=
< I:l FIRST PRESENTATION OF MULTIPLE DEPENDENT CLAIM (37 CFR 1.16(j)) OR
TOTAL TOTAL
ADD’L OR ADDL
FEE FEE
ilf the intry in column 1 is Ies_s than theT entry,in column 2, write_ “0” in column 3. o Legal Instrument Examiner:
If the “Highest Number Previously Paid For” IN THIS SPACE is less than 20, enter “20”. JISTEPHEN HOOVER/
*** If the “Highest Number Previously Paid For” IN THIS SPACE is less than 3, enter “3”.
The “Highest Number Previously Paid For” (Total or Independent) is the highest number found in the appropriate box in column 1.

This collection of information is required by 37 CFR 1.16. The information is required to obtain or retain a benefit by the public which is to file (and by the USPTO to
process) an application. Confidentiality is governed by 35 U.S.C. 122 and 37 CFR 1.14. This collection is estimated to take 12 minutes to complete, including gathering,
preparing, and submitting the completed application form to the USPTO. Time will vary depending upon the individual case. Any comments on the amount of time you
require to complete this form and/or suggestions for reducing this burden, should be sent to the Chief Information Officer, U.S. Patent and Trademark Office, U.S.
Department of Commerce, P.O. Box 1450, Alexandria, VA 22313-1450. DO NOT SEND FEES OR COMPLETED FORMS TO THIS
ADDRESS. SEND TO: Commissioner for Patents, P.O. Box 1450, Alexandria, VA 22313-1450.
If you need assistance in completing the form, call 1-800-PT0O-9199 and select option 2.
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