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DETERMINING THE PHYSICAL STRUCTURE OF SUBSCRIBER LINES

This is a continuation-in—part of Application No.

U.S. Application No. 09/294,563, filed April 20, 1999.

 

This application relates generally to communications

networks, and more particularly, to determining electrical

properties of multi—wire communication lines.

Recently, there has been an increased demand for the

subscriber lines of plain old telephone services (POTS‘s)

to carry high-speed digital signals. The demand has been

stimulated by home access to both the Internet and distant

office computers. Both types of access typically employ a

POTS line as part of the path for carrying digital

signals.

POTS‘s lines were built to carry voice signals at

audible frequencies and can also carry digital signals as

tone signals in the near audible frequency range. Modern

digital services such as ISDN and ADSL transmit data at

frequencies well above the audible range. At these higher

frequencies, POTS‘s lines that transmit voice signals well

may transmit digital signals poorly. Nevertheless, many

telephone operating companies (TELCO‘s) would like to

offer ISDN and/or ADSL data services to their subscribers.

Telephone lines between a TELCO switch and

subscribers‘ premises are frequent sources of poor

performance at the high frequencies characteristic of ISDN

and ADSL transmissions. Nevertheless, high cost has made

widespread replacement of these subscriber lines an

undesirable solution for providing subscribers with lines

capable of supporting’ ISDN and. ADSL. A less expensive
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alternative would be to repair or remove only those

subscriber lines that are inadequate for transmitting

high—speed digital data.

To limit replacement or repair to inadequate lines,

TELCO‘s have placed. some emphasis on developing methods

for‘ predicting which subscriber lines will support data

services, such as ISDN and ADSL. Some emphasis has been

also placed on predicting frequency ranges at which such

data services will be supported. Some methods have also

been developed for finding faults in subscriber lines

already supporting data services so that such faults can

be repaired.

Current methods for predicting the ability of

subscriber lines to support high—speed digital

transmissions are typically not automated, labor

intensive, and entail test access at multiple points.

Often, these methods entail using skilled interpretations

of high frequency measurements of line parameters to

determine data transmission abilities. At a network

scale, such tests are very expensive to implement.

The present invention is directed to overcoming or,

at least, reducing the affects of one or more of the

problems set forth above.

Summary of the Invention

In a first aspect, the invention provides a method of

determining a physical structure of a subscriber line.

The method includes searching a reference set for a match

between the subscriber line and a model line of the’

reference set and identifying that the subscriber line has

a specific physical structure. The match is based on

electrical properties of the lines. The act of

identifying is responsive to finding a match with one of
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the model lines that has the specific physical structure.

In a second aspect, the invention provides a method

of qualifying a subscriber line for a data service. The

method includes searching a reference set of model lines

for a best match to a subscriber line by comparing sets

of electrical properties and determining that the

subscriber line has a specific physical structure. The

act of determining is responsive to the best matching

model line having the specific physical structure. The

method also includes disqualifying the subscriber line

for the data service, in part, in response to determining

that the specific physical structure corresponds to a

disqualified line.

In a third aspect, the invention provides a method

of providing a data service. The method includes

searching for a match between electrical properties of a

subscriber line and a model line of a reference set and

determining whether the subscriber's line is qualified

for the data service. The act of determining is based in

part on whether the best matching model line has one of a

bridged tap and a mixture of gauges. The method also

includes performing a business action in response to

determining that the subscriber's line is qualified.

In a fourth aspect, the invention provides a data

storage device that stores an executable program of

instructions for causing a computer to perform one or more

of the above—described methods.

Various embodiments use test accesses, which provide

data on low frequency electrical properties of subscriber

lines, to make predictions about high frequency

performance.
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Brief Description of the Drawings

Other features and advantages of the invention will

be apparent from the following description taken together

with the drawings in which:

FIG. I shows a portion of a POTS network having a

system for detecting faults in subscriber telephone lines;

FIG. 2A shows a first measuring setup for making one-

ended electrical measurements on a subscriber telephone

line;

FIG. 2B is an equivalent circuit for_ the measuring

setup of FIG. 2A;

FIG. 2C shows a second measuring setup. for making

one—ended electrical measurements on a subscriber

telephone line;

FIG. 3 illustrates signal distortions produced by the

test bus and standard voice test access;

FIG. 4 shows a split pair fault in a subscriber line;

FIG. 5 shows how a splice error can produce a split

pair fault;

FIG. 6A shows a phase measurement signature of a

resistive imbalance on a subscriber line;

FIG. 6B shows a phase measurement signature of a

split pair fault on a subscriber line;

FIG. 7 is a flow chart illustrating a method of

detecting faults on subscriber lines with the system of

FIGS. 1, 4, and 5:

FIG. 8 is a flow chart illustrating a method of

qualifying subscriber lines with the method of FIG. 7;

FIG. 9 shows a method of providing high speed data

services using the methods of FIGs. 7 and 8;

FIG. 1OA—lOE show exemplary subscriber lines having

different gauge mixes;

FIG. 11 shows a subscriber line with a bridged tap;
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FIG. 12A—12E shows exemplary structures of subscriber

lines having one bridged tap;

FIG. 13 is a flow chart for a method of determining

the specific physical structure of a subscriber line from
a reference set;

FIG. 14 is a flow chart for a method of finding a

best match between a subscriber and model lines;

FIG. 15 is a flow chart for a method of qualifying

subscriber lines; and

FIG. 16 is a flow chart for a business method of

providing high—speed data services to subscribers.
FIG. 17 is a flow chart for a stacked method of

detecting bridged taps using auxiliary variables;

FIG. 18A shows predicted and actual signal

attenuations of nominal subscriber lines;

FIG. 18B shows predicted and actual signal

attenuations of non—nominal subscriber lines;

FIG. 18C shows predicted, shifted predicted, and

actual signal attenuations for an exemplary nominal

subscriber line;

FIG. 19 shows an exemplary decision tree;

FIG. 20 illustrates the action of the rules of the

decision tree of FIG. 19 on a set of subscriber lines;

FIG. 21 is a flow chart illustrating a method of

creating the decision trees with machine learning methods;
and

FIG. 22 is a flow chart for a method of determining

the branching rules of the decision tree illustrated in
FIGs. 19-20.

Description of the Preferred Embodiments
MEASUREMENT AND TEST APPARATUS

FIG. 1 shows a portion of a POTS network 10 that has

a system 11 for detecting faults in subscriber lines 12-
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14. The subscriber lines 12-14 connect subscriber units

16-18, i.e., modems and/or telephones, to a telephony

switch 15. The switch 15 connects the subscriber lines

12-14 to the remainder of the telephone network 10. The

switch 15 may be a POTS switch or another device, e.g., a

digital subscriber loop access multiplexer (DSLAM).

Each subscriber line 12-14 consists of a standard

twisted two-wire telephone line adapted to voice

transmissions. The two wires are generally referred to as

the ring AR@ and tip AT@ wires.

A large portion of each subscriber line 12-14 is

housed in one or more standard telephone cables 22. The.

cable 22 carries many subscriber lines 12-14, e.g., more

than a dozen, in a closely packed configuration. The

close packing creates an electrical environment that

changes transmission properties of the individual

subscriber lines 12-14.

Electrical measurements for detecting line faults are

performed by a measurement unit 40. , In various

embodiments, the measurement unit 40 includes one or both

devices 41 and 43. Each device 41, 43 performs one-ended

electrical measurements on selected lines 12-14. In

preferred embodiments, the electrical measurements are

one—ended. The device 41 performs measurements on tip and

ring wires of a selected subscriber line 12-14 in a common

mode configuration and produces results useful for

detecting split pairs. The device 43 can measure.

admittances of the tip and ring wires of a selected line

12-14 either separately or together and produces data

useful for determining the specific physical line

structure. The measurement unit 40 may also house other

devices (not shown) for performing other types of

electrical measurements, i.e., one-ended or two-ended

measurements. The measurement unit 40 couples to the
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switch 15 via a test bus 42.

The devices 41, 43 connect to the switch 15 through

the test bus 42 and a standard voice test access 44. The

voice test access 44 electrically connects either the

device 41 or device 43 to the subscriber lines 12-14

selected for testing. The voice test access 44 generally

transmits electrical signals with low frequencies between

about 100 Hertz (Hz) and 20 kilo Hz (KHZ). But, the test

access 44 may transmit signals at higher frequencies,

e.g., up to 100 to 300 KHZ, in some switches 15.
The measurement unit 40 is controlled by computer 46,

which selects the types of measurements performed, the
device 41, 43 used, and the subscriber lines 12-14 to

test. The computer 46 sends control signals to the

measurement unit 40 via a connection 48, e.g., a line,

network, or dedicated wire, and receives measurement

results from the measurement unit 40 Via the same

connection 48.

The computer 46 contains a software program for

controlling line testing by the measurement unit 40 and

for detecting line conditions or faults with results from

the measurement unit 40. The software program is stored,

in executable form, in a data storage device 49, e.g., a

hard drive or random access memory (RAM). The program may

also be encoded on a readable storage medium 50, such as

an optical or magnetic disk, from which the program can be
executed.

To perform a test, the measurement unit 40 signals

the voice test access 44 to connect the line 12-14 to be

tested to wires of the bus 42 for connecting to internal

devices 41, 43. Then, one or both of the internal devices

41, 43 performs electrical. measurements on the selected

line 12-14. After the measurements are completed, the

measurement unit 40 signals the switch 15 to disconnect
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the line 12-14 from the wires of the bus 42.

The computer 46 can classify selected subscriber

lines 12-14 prior to fully connecting the lines 12-14 for

data services. The range of possible classes to which a

line 12-14 can. be assigned will depend on the business

needs of a TELCO. A simple, but very useful set of

classes is "qualified" and "disqualified" to provide data

services. Qualification is based on ‘determining, with

high certainty, that a selected line 12-14 will support a

specified data service. Disqualification is based on

determining, with high certainty, that the selected line

12-14 will not support the specified data service.

FIG. 2A shows a first setup 52 for -performing one

type of one—ended electrical measurements with the device

41. The measurements are used to detect faults such as

split pairs in the subscriber lines 12-14 of FIG. 1.

The device 41 has a variable frequency voltage source

54 for driving the tip and ring wires T, R of the

subscriber line 12-14 under test. The voltage source

drives both wires together, i.e., in a common mode

configuration, at a frequency controlled by the

measurement unit 40. The tip and ring wires T, R of the

line 12-14 under test are connected to the device 41 via

the voice test access 44.

The voltage source 54 connects to one side of

resistors Ri and R2. The second side of resistors R1 and R2

connect to the respective tip and ring wires T, R of the

subscriber line 12-14 under test. Thus, the voltage

source 54 drives the tip and ring wires T, R in common

mode through the corresponding resistors R1 and Rp

The resistors R1 and R2 have equal resistances so that

the voltage source 54 induces equal voltages V1, V2 between

each resistor R1, R2 and ground if the currents IT, IR

therein are also equal. Differences in the input
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impedances ZT, ZR of the tip and ring wires T, R make the

voltages Vb V2 differ in amplitude and/or phase. For

example, mutual inductance effects produced by a split

pair can make the input impedances ZT, ZR unequal.

Voltmeters VM1 and VM2 measure amplitudes and phases

of voltages V1 and V2, respectively. From measurements of

the voltmeters VM1 and VM2, the computer 46 can obtain the

phase difference between V1 and V;

FIG. 2B shows an equivalent circuit 55 for the

measurement setup 52 of FIG. 4. In the common mode

configuration, the :ip and ring wires T, R act as elements

of independent circuits 56, 57 that connect the voltage

source 54 to a common ground 58. The tip wire T is

equivalent to an impedance ZT in the circuit 56, and the

ring wire R is equivalent to an impedance ZR in the circuit
57.

The input impedances ZT and ZR may ‘have different

amplitudes and/or phases due to the presence of a fault on

either the tip or ring wires T, R. Different values for ZT

and Zn produce different currents IT and IR in the circuits

56 and 57 and different measured voltages V; and V2. The

phase of the voltage difference V1 — V2 is proportional to

the phase difference between the input impedances of the

tip and ring wires T, R. In the phase of the difference V1

— V2, termination effects associated with the attached

subscriber unit 16 can largely be ignored.

FIG. 2C shows a Ineasuring setup 60 for performing

one—ended electrical measurements on a selected subscriber

line 12-14 with the device 43 shown in FIG 1. The device

43 measures electrical properties, which can be used to

determine the specific physical structure of the lines 12-

14 and to determine line conditions and‘ faults as is

described below. Some methods for detecting line faults

and conditions with the device 43 have been described in
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U.S. Application No. 09/294,563 (‘563), filed April 20,

1999. The ‘563 application is incorporated. herein, by

reference, in its entirety.

The device 43 is adapted to measure admittances

between the tip wire T, ring wire R, and ground G for a

subscriber line 12-14 being tested. The" tip and ring

wires T, R of the line 12—14 being tested couple to

driving voltages V1’ and V2’ through known conductances Gt

and Gr. The tip and ring wires T, R also connect to

voltmeters V; and VI. The Vt and V, voltmeters read the

voltage between the tip wire T and ground G and between

the ring wire R and ground G, respectively. The readings

from the voltmeters Vt and Vr enable the computer 46 to

determine three admittances Yw, Ytn and Yng between the

pairs tip—ground, tip—ring, and ring—ground, respectively.

The device 43 can measure the admittances at preselected

frequencies in the range supported by the voice test

access 44. The ‘563 application has described methods for

performing such measurements.

Referring to FIG. 3, the computer 46 may compensate

for signal distortions introduced by the test bus 42

and/or the voice test access 44. To perform compensation,

the computer 46 treats the two lines of the combined bus

42 and test access 44 as a linear two port systems. Then,

the currents and voltages IT‘, VT’ and IR‘, Va’ at the

output terminals of the measurement device 40 are related

to the currents and voltages IT, VT and IR, VR on the output

terminals of the tip and ring wires T, R by the following

2x2 matrix equations:

[In VT] = A<f> [IT', vmt and [IT] VT] = A'<f> [L9, VR']t-

The frequency dependent matrices A(f) and A'(f) are

determined experimentally for each bus 42 and voice test

access 44. Then, the computer 46 calculates the

impedances or admittances of the tip and ring wires T, R
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with the currents and voltages IT, VT and IR, Va obtained

from the above equations.

The measurement unit 40 and computer 46 can detect

faults such as split pairs, resistive imbalances, metallic

faults, load coils, bridged taps, gauge mixtures, and high

signal attenuations. Co—pending U.S. Patent Application

O9/285,954 ('954), filed April 2, 1999, describes the

detection. of some of these faults and is incorporated

herein by reference in its entirety;

SPLIT PAIRS

Referring again to FIG. 1, close proximity can

inductively produce cross talk between the subscriber

lines 12-14. Cross talk is frequently caused by large

noise or ringing signals on one of the lines 12-14. The

large signal inductively produces signals on nearby lines

12-14. To reduce cross talk, the tip and ring wires T, R

of each subscriber line 12-14 are either tightly twisted

together or kept in close proximity in the cable 22. In

this way, stray signals affect both wires of a pair so

that induced signals do not impact the difference signal

between the tip and ring wires.

Referring to FIG. 4, the tip and ring wires T‘, R‘ of

a subscriber line 24 are separated spatially in a portion

of cable 25. The portion of the subscriber line 24 in
which the tip and ring wires T’, R‘ are spatially

separated is referred to as a split pair. A split pair

T’, R‘ has a high risk of picking up cross talk other

lines 28-29 in the same cable 26 or external noise sources

such as power lines (not shown).

Split pairs also introduce impedance discontinuities

into subscriber lines, because the split pair creates a

localized and abrupt impedance variation. Impedance

discontinuities can cause signal reflections and high
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signal attenuations for high—speed digital transmissions.

FIG. 5 illustrates one type of split pair, i.e., a

split pair caused by a splice error. The splice error

occurred when two portions of a subscriber line 32, which

are located in two different cables 33, 34, were joined.

The splice 35 has joined tip and ring wires T1, R2 from two

different twisted pair lines 36, 37 in the cable 33 to tip-

and ring wires T3, R3 of a single twisted pair 38 in the

adjacent cable 34. The tip and ring wires T1, R2 of the

portion of the subscriber line 32 are widely separated in

a substantial portion of the cable 33. Thus, the tip and

ring wires T1, R2 form a split pair.

Detection of split pair faults is difficult for

several reasons. First, split pairs do not produce easily

detected effects such as metallic faults, i.e., broken

wires or shorted wires, or impedance imbalances. Second,

split pairs produce cross talk that produce intermittent

faults depending on the signals on nearby lines, e.g.,

intermittent ringing signals. The intermittency makes

such faults difficult to recognize.

Conventional tests have not been very successful in

detecting split pairs. Nevertheless, split pairs can«

degrade the quality of a subscriber line for high—speed
data services.

FIG. 6A and 6B provide graphs 68, 69 of the phase of

the voltage difference V1 — V2 between resistors R1 and R2

while testing two exemplary subscriber lines 12-14 with

the measurement setup 52 of FIG. 4. The graphs 68, 69

provide frequency sweeps of the phase difference, which

show signatures of faults that can interfere with high—

speed data services, e.g., ISDN or ADSL.

Referring to FIG. 6A, the graph 68 shows a signature

for a resistive imbalance fault on the tested subscriber

line 12-14. The signature for a resistive imbalance is a
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pronounced peak in the phase of the voltage difference V1 -

V2. The peak appears in the phase difference between

impedances of the tip and ring wires. The peak has a

narrow width that is typically not more than a few hundred

to about 2 KHz. Typically, the phase has a height of

greater than about 53

Referring to FIG. 6B, the graph 69 shows a signature

for a split pair fault on the tested subscriber line 12-

14. The signature is a flat and substantially’ constant

phase for V1 — Vg, i.e., a substantially constant non—zero

phase difference between the input impedances ZT, ZR of the

wires T, R. Typically, the phase has a value of between

about .5° and l.5°.i The nonzero and flat phase extends

over a region of frequencies having a width of at least

5,000 kilo Hz. The phase of Zr and ZR may remain flat,

nonzero, and peakless from about 100 Hz to about 20,000 Hz

if a split pair is present, i.e., over the frequency range

measurable through the voice test access 44, shown in FIG.

1. A nonzero and substantially frequency independent

phase difference between the input impedances ZT, ZR of the

tip and ring wires is a signature for a split pair on the
subscriber line 12-14 being tested.

FIG. 7 is a flow chart illustrating a method 70 of

detecting a fault in the subscriber lines 12-14 with the

system 11 .of FIG. 1. The computer 46 selects the

subscriber line 12-14 to test for faults (step 72). The

measurement unit 40 electrically connects to the selected

line 12-14 via the voice test access 44 of the TELCO

switch 15 (step 74). The connection produces the

measurement setup 52 illustrated in FIGS. 4 and 5.

The measurement unit 40 performs one—ended electrical

measurements to determine a signal proportional to the

phase difference of the input impedances ZT, ZR of the tip



Page 544 of 1037

WO 00/64130 PCT/US00/10301

and ring wires of the selected line 12-14 (step 76). The

quantity actually measured is the phase of V1 — V2, which

is proportional to the phase of the difference of the

input impedances ZT, ZR. The device 41 measures the phase

by driving the tip and ring wires in the common mode

configuration shown in FIG. 4. The driving frequencies

are between about 100 Hz to 20,000 kilo Hz and accessible

via the voice test access 44. Such frequencies are very

low compared to transmission frequencies of high—speed

data services such as ISDN and ADSL.

The computer 46 analyzes the measurements of the

phase as a function of frequency to determine whether the

phase has a signature for a line fault (step 78). The

line faults that produce signatures in the phase include

split pairs and resistance imbalances as described above

in relation to FIGS. 63 and 6A, respectively. Other

signatures are possible, e.g., for other types of faults.

If a signature for a line fault is found, the computer 46

identifies that a fault has been detected (step 80). The

identification may entail making a reporting act. The

reporting act may include making an entry in a file that

lists the faults on the subscriber lines 12e14, displaying

a warning on an operator's display screen 47 or on a

screen of a service technician (not show), or informing a

progrant that allocates subscriber lines 12-14. If no

signatures (for line faults are found, the computer 46
identifies the absence of the line faults associated with

signatures for the selected line 12-14, e.g., by

performing a reporting act (step 82).

FIG. 8 is a flow chart illustrating a method 90 for a‘

test that determines whether the subscriber lines 12-14 of

FIG. 1 qualify or disqualify for a high—speed data

service. To start a test, an operator or the computer 46

selects a subscriber line 12-14 (step 92). The operator
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or computer 46 also selects the type of data service for

which the selected subscriber line 12-14 is to be tested

(step 94). For example, the types of service may be ISDN

or ADSL. After selecting the line 12-14 and service type,

the measurement unit 40 performs one—ended electrical

measurements to detect preselected types of faults in the

selected line 12-14 (step 96). The one—ended measurements

include tests according to the method 70 of FIG. 7 to

detect split pairs.

The other types of line faults and conditions, which

are selected for testing, depend on the types and speeds

of data services, the properties of the switch 15, and the

type of modem to be used. Frequently, tests check for
high signal attenuations, resistive imbalances, and the

presence of load coils, metallic faults, or bridged taps,

because these conditions and faults can disqualify a line

for high-speed data service. But, line qualification

tests may also check for capacitive imbalances, and above-

threshold noise levels, because these conditions can also

affect qualification results. Methods and apparatus for

detecting some of these conditions and faults are

described in co-pending patent applications.

One such application is U.K. Patent Application No.

9914702.7, titled "Qualifying Telephone Lines for Data

Transmission", by Roger Faulkner, filed June 23, 1999,

which is incorporated herein by reference, in its

entirety. Other such co—pending applications include the

above—mentioned ‘954 and ‘563 patent applications.

If one of the preselected types of faults or line

conditions is detected, the computer 46 reports that the

selected subscriber line 12-14 is disqualified for the

selected data transmissions (step 98). Otherwise, the

computer 46 reports that the selected line 12-14 qualifies
for the selected data service (step 100).
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To report the tested line's status, the computer 46

makes an entry in a list stored in the storage device 49.

The list identifies the line, data service, and

qualification or disqualification status. The computer 46

may also report the line's status by displaying a

disqualification or qualification signal on the display

screen 47 visible to an operator.

FIG. 9 is a flow chart for a method 101 used by a

TELCO to provide a high—speed data service, e.g., ISDN or

ADSL, to telephone subscribers. The TELCO programs the

computer 46 of FIG. 1 to automatically select individual

subscriber lines 12-14 connected to the local switch 15

(step 102). In response to selecting the line 12-14, the

voice test access 44 connects the selected line 12-14 to

the measurement unit 40 for testing (step 104). The

measurement unit 40 connects the selected line 12-14 to

the measurement device 41 and may also connect the

selected line 12-14 to other internal measurement devices

(not shown). The computer 46 and measurement unit 40

determine whether the selected line 12-14 has a split pair

and qualifies for the data service according to the

methods 70, 90 of FIGS. 7 and. 8 (step 106). Next, the

computer 46 updates a list ‘recording the identities of

lines 12-14 that qualify and of lines 12-14 having split

pairs (step 108). The computer 46 waits a preselected

time and restarts the testing for another of the lines 12-

14 at step 102.

The TELCO regularly checks the list to determine

whether any of the lines 12-14 have split pairs (step

110). If a line has a split pair, the TELCO performs a

business action based on the presence of the split pair

fault (step 112). The business action may include sending

a worker to repair or replace the affected line 12-14,

designating the affected line 12-14 as unable to transmit
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data, or setting a lower billing rate based on the

presence of the fault.

The TELCO also regularly checks the list to determine

whether any of the lines 12-14 qualify for the high—speed

data service (step 114). In response to finding that one
or more of the lines 12-14 qualify, the TELCO performs a

business action related to the line's qualification (step

116). For example, the TELCO may offer the high speed

data service to subscribers who have the lines 12-14

qualified for the data service and who do not presently

subscribe to the data service.

SPECIFIC PHYSICAL STRUCTURE OF SUBSCRIBER LINES

Referring again to FIG. 1, the subscriber lines 12-14

may have widely different physical structures. A line's

specific physical structure is described by properties

such as line length, gauge or gauges, and content of

bridge taps. Interpretations of electrical measurements to

obtain line transmission properties such as the signal

attenuation are dependent upon the specific physical line
structure. Thus, knowing the specific physical structure

of a subscriber line aids in predicting how well the line

12-14 will support high speed digital data services, e.g.,

to predict maximum data speeds.

FIGS. 1OA—E illustrate parameters that describe gauge

mix parameters through exemplary lines 121-125 in which

drawing widths represent wire gauges. The lines 121, 122

have uniform structures described by different wire’

gauges. The lines 124, 125 have segmented structures in

which adjacent segments have different wire gauges, i.e.,

mixtures of gauges. The gauge composition of these lines

124, 125 is described by segment lengths and segment

gauges. The structures are also described by the serial

layout of the segments. The line 123 has different tip
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and ring wires T4, R4 and is described by the gauges of the

T4 and R4 wires.

Referring now to FIG. 11, a subscriber line 127 has

an extra twisted wire pair 128 spliced onto the line 127.

The spliced on wire pair 128 is referred to as a bridged

tap. The existence or absence of bridged taps is a

parameter that also influences how well the subscriber

line l27 will support high—speed digital data services.

In the United States, many subscriber lines have

bridged taps because of the way in which telephone lines

were laid out in housing subdivisions. Telephone lines

were laid out prior to determining the exact positioning

of the houses of the subdivisions. The lines ran near

planned positions of several houses. When the houses were

later built, the builder connected the telephone units to

the nearest point on one of the originally laid telephone

lines. Unconnected portions of the original lines produced

bridged taps.

-The bridged tap 128 reflects signals from termination

129. The reflected signals then travel back to the

subscriber line 127 and interfere with signals on the

subscriber line 127. The most harmful interference occurs

when the reflected signal is out of phase with the

incoming signal. In such a case, the reflected signal

destructively interferes with the incoming signal on the
subscriber line 127.

The length .of the bridged tap 128 determines the

phase difference between the original and reflected

signals. For high—speed digital signals whose frequencies

extend to about 1 mega Hertz (MHZ), e.g., ADSL signals, a

substantial cancellation can occur if the bridged tap 128

has a length between about 200 to 700 feet. In the United’

States, the bridged taps left over from the construction

of many housing subdivisions have lengths in this range.
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Thus, the ability to detect and remove the bridged tap 128

is useful to TELCO's that want to offer high-speed digital

data services to their subscribers.

FIGS. 12A—l2E illustrate structure parameters that

describe bridged taps 130, 134 through exemplary

subscriber lines 135-139. The lines 135, 136 have bridged

taps 130, 131 described by different physical lengths.

The lines 137-138 have bridged taps 132, 133 described by

different locations along the lines 137, 138. The line

139 has a bridged tap 134, which is at least. partially

described by its location along a particular segment of

the line 139. Finally, the lines 136, 139 have bridged

taps 131, 134 described by different gauges; :
To determine the specific physical structures of

unknown subscriber lines, a reference set of model lines

may be employed. A reference set is an ensemble of model

lines with different and known specific physical

structures. To determine the specific physical structure

of an unknown subscriber line, measured properties of the

unknown line are compared to the same properties in model

lines. If a match is found, the unknown line has the same

specific physical structure as the matching model line.

Reference data on the specific physical structures of

the model lines may be compiled in either a reference data

file or a set of reference equations. Both the reference

data file and the set of reference equations index the

individual model lines by values of a preselected set of

measurable electrical properties. In. some embodiments,

the preselected electrical properties are the frequency-

dependent admittances measurable with the device 43 of
FIG. 2C.

The content of model lines in the reference set may

be tailored to the expected structures of the unknown

subscriber lines. For example, if the unknown lines do
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not have bridged taps, the reference set might not have

model lines with bridged taps. On the other hand, if the

unknown lines may have bridged taps, the reference set

includes some model lines with bridged taps. Knowledge of

the practices used to lay out the subscriber lines under

test can help to determine the best content of model lines

for the reference set. For different subscriber line

populations, reference sets can be selected empirically or

based on human knowledge.

Typically, the reference set includes model lines

having uniformly varying values of the parameters

described in relation to FIGs. 10A-10E and 12A—12E. The

model lines have a distribution of lengths and may include

one, two, or three segments with zero, one, or two bridged

taps, and a distribution of subscriber termination loads.

The segments and bridged taps can have varying lengths,

locations, and gauges.

FIG. 13 is a flow chart for a method 140 of

determining the specific physical line structure of the

subscriber lines 12-14 of FIG. 1 from a reference set of

model lines. To start, an operator or the computer 46

selects a subscriber line (ssl) to test (step 142). The

computer 46 directs the measuring unit 40 to perform

preselected one—ended electrical measurements on the

selected subscriber line over a range of frequencies (step

144). '

In one embodiment, the electrical measurements are

one—ended and performed with the device 43, shown in FIG.

2C. During the measurements, the voltage source 54 drives

the tip and/or ring wires of the selected subscriber line

12-14 with voltage sources V1’, V2’. The driving frequency

is swept over a range, e.g., from about 100 Hertz to about

20,000 to 40,000 Hertz, and one or more of the admittances

Ytw ‘Ya, Yrg are measured for various driving frequencies.
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The measurements provide complex input admittances, i.e.,

amplitudes and phases for a preselected set of frequencies
"f".

After performing the measurements, the computer 46

searches for a "best" match between model lines belonging

to the reference set and the selected subscriber line

(step 146). The search for matches involves comparing

preselected electrical properties of the selected

subscriber line to the same properties for the model

lines. For the selected subscriber line, the values of

the preselected electrical properties are obtained from

the _one—ended electrical measurements. For the model
lines, the values of the same electrical properties are

either looked up from a file in the data storage device 49'

or calculated from a set of reference equations. The

comparison determines which model line "best" matches the
selected subscriber line.

The computer 46 identifies a specific physical line

structure for the selected subscriber line 12-14 has the

same form as the specific physical line structure of the

"best" matching nmdel line (step 148). identifying the

specific physical line structure may include reporting the

structure, e.g., displaying values of parameters for the

specific physical structure to a operator, writing the

values to a file, or providing the values to a software

application. For example, the software application may
use the match information to qualify or disqualify the

selected line 12-14. The parameters may provide gauge

mixtures and tap locations and positions.

For the model lines, the specific physical structures

are either stored in the same file listing the electrical

properties of the model lines or determined from the

reference equations. Actual values of the electrical

properties and structure parameters of the model lines are
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obtained prior to testing the subscriber line by analytic

calculations or experimentation.

In a preferred embodiment, the computer 46 finds the

"best" matching model line by calculating an error

function for each model line (ml). The error function has

one of two forms E or E’ given by:

E = Z: W(f)|Mm1(f) - Ms1(f)| and E‘ = E: VV(f)|Mm1(f) -

Msl(f) |2°.

Mu(f) and M§1(f) are the values of the preselected

frequency—dependent electrical properties‘ of the model

line (ml) and the selected subscriber line (ssl},

respectively. Q and W(f) define the form of the error

functions, i.e., E or E‘. Q is a fixed integer, e.g., 1

or 2. W(f) is positive definite weight function, e.g., a

function of frequency "f" or a constant.

In some embodiments, the preselected electrical

properties Mmflf), M“1(f) are the phases of one or more

complex admittances of the lines ssl, ml. Various‘

embodiments employ either the phase of the tip-to-ground

admittance Ym, the phase of the ring—to—ground admittance

Ym, and/or the phase of the tip—to—ring admittance Y“. If

the tip—to-ground or ring—to—ground admittances Yw, Ym are

used, many termination effects due to the subscriber units

16-18 of FIG. 1 are not seen. The phase of these

admittances_ is often small, e.g., 4° ‘or less, and

approximately equals the ratio of the imaginary to real

parts of the admittance. For such a case and Q = 1, the

error function E’ is:

E’ = zf[ Im(admittancehm/Re(admittancehfl —

Im(admittance)w1/Re{admittance)sfl ]2.

In another embodiment, the preselected electrical

properties Mmjf), Mfl1(f) are the full complex admittances

of the lines ssl, ml, i.e., YW, Ym, and/or Ya. Using the
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complex admittances themselves can reduce computational
times.

Finally, in some embodiments, the best match to the

selected subscriber line 12-14 may include a several

different model lines, e.g., model lines generating errors

with a below threshold value. In these embodiments, the

computer 46 identifies the selected subscriber line 12-14

as having one or more common features of all of the “best

matching” lines. For example, the computer 46 may

identify the specific physical structure of the selected

subscriber line 12-14 as having a bridged tap if all of

the best matching model lines have a bridged tap. Then,

the computer 46 may use the presence of a bridged tap in

combination with other measurements to qualify or

disqualify the line 12-14.

FIG. 14 illustrates a method 150 of determining

"best" matches by using the above—described phases. The

computer 46 determines the length of the selected

subscriber line using low frequency measurements for line

capacitance performed by the measurement unit 40 and

device 43 (step 152). Next, the computer 46 selects a

model line having the same length as the selected

subscriber line (step 154).

The computer 46 restricts comparisons to model lines

with the same length as the subscriber line, because

physical line length affects the values of the phases of

admittances. Limiting comparisons to this subset of the

reference ‘set eliminates false matches with model lines

whose lengths differ from the length of the selected

subscriber line.

The computer 46 calculates the error function E’,

based on the phase of preselected admittances, for the

selected model line (step 155). The computer 46 checks

whether other model lines remain with the same length
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(step 156). If other lines remain, the computer 46

repeats the determination of E‘ for another selected model

line (157). If no lines remain, the computer 46 reports

the model line having the smallest Value for the error

function E‘ as the "best" match to the selected subscriber

line (step 158).

Since the reference set may contain as many as 10,000

to 100,000 model lines, the method 150 may search the

reference set hierarchically to reduce the total number of

searches. In a hierarchical scheme, a first search

divides the reference set into non—overlapping groups of"

model lines. Each group has a large number of lines with

similar specific physical structures and defines one model

line as a representative of the group. The first search

uses the method 150 to determine a "best" match between

the selected subscriber line and one of the representative

model lines. A second search uses the method 150 on the

model lines of the group associated with the best matching

representative model line found from the first search.
FIG. 15 is a flow chart illustrating a method 160 of

qualifying subscriber lines, e.g., lines 12-14 of FIG. 1,

for a high—speed data service, e.g., ISDN or ADSL. After

selecting a subscriber line to test, the computer 46

searches a reference set of model lines for a "best" match

to the selected subscriber line by using the methods 140,

150 of FIGS. 13 and 14 (step 162). The computer 46'

identifies the selected subscriber line as having a

bridged tap or mixture of gauges in response to the "best"

match model line having a bridged tap or mixture of

gauges, respectively (step 163). The computer 46

qualifies or disqualifies the selected subscriber line for

the data service, at least in part, based upon whether the

subscriber line has a bridged. tap or mixture of gauges

(step 164).
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In some embodiments, the computer 46 uses the signal

attenuation to qualify or disqualify the selected

subscriber line according to a method described in co-

pending U.S. Application No. 08/294,563 ('563). In those

embodiments, the computer 46 calculates the signal

attenuation by the methods described in the '563

application. Then, the computer 46 adjusts the calculated

value of the signal attenuation up or down depending on a

quality factor. The quality factor depends on the

specific physical structure of the line, e.g., upon

whether a bridged tap and/or a mixture of gauges is absent

or present in the subscriber liner

According to the value of ‘the quality factor, the

computer 46 adjusts a calculated signal attenuation up or

down by preselected amounts. For example, the attenuation

may be decreased, unchanged, and increased in response to

the quality factor being good, average, and poor,

respectively. Then, the computer uses the adjusted signal

attenuation to determine to qualify or disqualify the

subscriber line for the data service according to methods

described in the ‘S63 application.

In other embodiments, the computer‘ 46 uses some

specific physical line structures as disqualifiers. For

example, if the above—described methods lead to the

detection of a bridged tap, the computer 46 may disqualify

the line for the data service.

FIG. 16 is a flow chart illustrating a business

method 165, which a TELCO uses ‘to provide a. high—speed

data service to subscribers. The TELCO determines which

subscriber lines 12-14 of FIG. 1 are qualified and/or

disqualified for the data service according to the method

160 of FIG. 15 (step 166).

Using the method 160, the computer 46 determines

whether line structures, e.g., bridged taps and/or
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selected ndxtures of gauges, are present. The specific

physical structure is then used to adjust predictions of

electrical properties of the subscriber line, e.g., a

signal attenuation. If the adjusted values of the

electrical properties are outside of thresholds for the

data service the line is disqualified.

Among subscribers with qualified lines 12-14, the

TELCO determines which subscribers having qualified lines

do not subscribe to the data service (step 167). The

TELCO offers the data service to subscribers having

qualified lines and not presently subscribing to the

service (step 168).

In response to finding subscribers with disqualified

lines 12-14, the TELCO repairs or replaces those lines 12-

14 (step 169).

STACKED BRIDGED TAP DETECTION

Referring again to FIG. 1, tests for bridged taps

preferably use one-ended electrical measurements that are

performed on subscriber lines 12-14 via the “standard”

voice test access 44. The voice test access 44 acts as a

low pass filter, which screens out frequencies above 20 to

100 KH2. Thus, electrical measurements are generally

restricted to low frequencies between about 20 Hz and 100

KHZ.

Bridged taps manifest their presence by peaks in the

signal attenuation at high frequencies, e.g., between

about 200 KHZ and 1,000 KHZ. Predicting features of the

high- frequency signal attenuation from the low—energy

measurements, which are available through the voice test

access 44, is difficult and error prone. Present methods

falsely predict the presence or absence of bridged taps in

about 40% of the cases. False predictions are costly to

subscribers and TELCO’s, because they can result in lost
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opportunities for‘ high—speed data services and can also

result in investments in transmission equipment that lines

do not support.

The accuracy of tests for line conditions and faults,

e.g., bridged taps, can be improved with stacked

generalization methods that use multiple layers of

classifiers. The classifiers determine values of

auxiliary variables, which are the labels they assign to

classify subscriber lines 12-14. Auxiliary variables are

generated as outputs of classifiers. The auxiliary

variables are thus, related to electrical measurements on

the lines 12-14 indirectly through probabilistic relations

embodied in the classifiers. The classifiers of the stack

may be decision trees, neural networks, ‘case-based

reasoners, or statistically based classifiers. The old

electrical properties and new auxiliary variables can be

combined in classifiers that provide strong correlations

between values of these quantities and the presence or

absence of line faults and conditions, such as bridged

taps and gauge mixtures.

FIG. 17 is a flow chart illustrating a method 170 for

using stacked classifiers to detect selected line

conditions or faults from electrical measurements made

with the system 11 of FIG. 1. The system 11 preferably

performs one—ended electrical measurements on. a selected

subscriber line 12-14 using either setup 52 or setup 60,

shown in FIGs. 2A—2C, 3 (step 172). To these

measurements, the computer 46 applies a set of rules that

define a preselected set of derived electrical properties

for the selected line 12-14 (step 173). Algebraic

relations relate the derived properties to the

measurements. The measured and derived electrical

properties are listed in Appendix A.

The measured and derived properties together form the
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input properties for the stack of classifiers. These

input properties may include a preliminary value of the

signal attenuation, the line length, line impedances, and

ratios of line impedances. The selection of the input

line properties for the stack can be changed to

accommodate different expected compositions of the

subscriber lines 12-14 being tested.

In each layer U, V of classifiers, shown in FIG. 17,

the computer 46 determines values of one or more auxiliary

variables for the selected line 12-14. The auxiliary

variables may be logic—type variables indicating that the

line 12-14 is labeled by a characteristic. The auxiliary,

variables may also be probability—type variables each

indicating the likelihood that the line 12-14 is labeled

by one of a plurality of characteristics.

In the first layer U of the stack, the computer 46

applies a first classifier to input electrical

measurements and properties to determine a first auxiliary

variable (step 175). The first auxiliary variable

characterizes the line 12-14 with a label "nominal" or a

label "non-nominal".

In a nominal line, low frequency properties provide a

good prediction of the signal attenuation at the high

frequencies where bridged taps strongly affect

attenuation. Thus, knowing a value of an auxiliary

variable that labels a line as nominal or non—nominal can

improve the accuracy of predictions about the presence of.

line faults like bridged taps.

Also in the first layer U, the computer 46 applies

one or more second. classifiers to the input electrical

properties to determine one or more other auxiliary

variables (step 176). These auxiliary variables provide a

preliminary prediction of whether the selected line 12-14

is qualified or disqualified for one or more high—speed
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data services. In some embodiments, values of the

auxiliary variables, found at step 176, indicate whether

the subscriber line 12-14 is qualified for ISDN or ADSL
data services or neither.

Disqualification for high—speed data service

correlates with presence of a bridged tap, because a

bridged tap lowers a line's capability" to carry high-

frequency signals. Thus, knowing a value of an auxiliary

variable that preliminarily labels a line as qualified or

disqualified for data transmissions can improve the

accuracy of predictions about the presence or absence of

bridged taps.

Steps 175 and 176 may be performed in parallel or

sequentially. If these steps 175 and 176 are sequential,

the Value of the auxiliary variable output by the earlier

step may be used in the later step. If step 175 is

earlier, the classifier of step 176 may use the auxiliary

variable labeling the line 12-14 as nominal or non-

nominal, as an input. If step 176 is earlier, the

classifier of step 175 may use the auxiliary variables

providing a preliminary qualification or disqualification

for data transmissions as inputs.

At the second layer V of the stack, the computer 46

applies a classifier to the auxiliary variables from steps

175 and 176 and the electrical measurements and properties

from steps. 172 and 173. This classifier determines
whether the selected subscriber line 12-14 has a

preselected type of line fault or condition (step 177).

For example, the fault or condition may be existence of a

bridged tap or a gauge mixture.

The layered stack U, V can predict the presence or

absence of bridged taps with a substantially increased

accuracy. The two—layered stack of FIG. 17 can predict

the presence of bridged taps with an accuracy of between
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about 75% and 85% and the absence of bridged taps with an

accuracy of greater than about 97%.

In steps 175, 176, and 177, classifiers analyze input

data to determine the Values of output data. Henceforth,

the input data, which includes one-ended measurements,

properties derived from one-ended measurements, and/or

auxiliary variables, are referred to as line features.

The output data, which are values of auxiliary Variables,

are referred to as classifying labels.

Their line features and labels can describe the

classifiers of steps 175, 176, and 177. The classifier in

step 175 uses the selected measured and derived electrical

properties of the selected line 12-14 as features to form
classes with labels “nominal” and “non—nominal”. The

classifier of step 176 uses the same features to form

classes with labels “ISDN qualified”, “ADSL qualified”, or

“data service disqualified" in one embodiment. The

classifier of step 177 uses the same features and values

of the characterizing labels from steps 175, 176 to form

classes with labels "bridged tap present" and "bridged tap-

absent".

The label "nominal" describes a type of signal

attenuation over a range that_ includes both low

measurement frequencies and high data service frequencies.

For a nominal line, the difference between actual and

predicted signal attenuations AA(f) and PA(f) has a simple

dependence on frequency "f". The ~actual signal

attenuation AA is the attenuation of the line determined

from direct double—ended electrical measurements. The

predicted signal attenuation PA is the attenuation
obtained from one-ended electrical measurements, e.g.,

using the system 11 of FIG. 1.

The predicted signal attenuation PA(f) may be

obtained from a subscriber line's capacitance, e.g., the
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capacitance Cmfimu between tip wire and ground measured at

30 Hz. One form for the predicted signal attenuation

PA(f) is:

PA(f:» = K(f)Ctg3OHz-

In this formula, K(f) = —.l729, —.2074, —.2395, —.2627,

and —.2881 dB/nano—Farads for respective frequencies f

equal to 100, 200, 300, 400, and 500 KHz.

Another form for the predicted attenuation PA(f) is

described in co—pending U.K. Patent Application 9914702.7.

For a nominal line, the difference, DFF(f), between

the actual and the predicted signal attenuations AA(f),

PA(f) has one of the following forms:

1) DFF(f) < 3.5 dB for 100 KHz < f < 500 KHz;

2) 3.5 dB 5 DFF(f) < 10.0 dB for 100 KHZ < f < 500 KHZ:

3) DFF(f) 2 10.0 as for 100 KHZ < f < 500 KHZ.

If the frequency dependent difference DFF(f), i.e.,

lAA(f)-PA(f)|, does not have form 1, 2, or 3, the line 12-

14 is classified as a non—nominal line. Thus, a direct

determination of whether a particular line 12-14 is

nominal requires both one—ended and two—ended measurements

to obtain both PA(f) and AA(f).

FIG. 18A shows predicted and actual attenuations of

exemplary nominal lines A, B, and C. For the line A,

predicted and actual attenuations PAA and AAA differ by

less than 3.5 dB for the entire frequency range between

100 and 500 KHZ. The line A has a DFF(f) of form 1. For

the line B, predicted and actual attenuations PA& AAB

differ by between 4 and 9 dB over the 100 KHz to 500 KHz

frequency range. The line B has a DFF(f) of form 2. For

the line C, predicted and actual attenuations PAW AAC

differ by between more than 10.0 dB over the 100 KHZ to

500 KHZ frequency range. The line C has a DFF(f) of form
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FIG. 18B shows predicted and actual attenuations of

exemplary non—nominal lines D and E. For the line D,

predicted and actual signal attenuations PAD, AAD differ by

about 8 dB at 200 and 400 KHZ and are equal at ISO and 300

KHz. This form for PAD and AAE does not correspond to a

DFF(f) of form 1, 2, or 3. For the line B, predicted and

actual signal attenuations PAE, AAE differ by less than 3.5

dB at frequencies between 100 and 200 KHZ and by more than

8 dB at frequencies between 400 and 500 KHz. This form

for PA; and AA; also does not correspond to a DFF(f) of

form 1, 2, or 3.

In ‘the non—nominal lines D and E3 wide fluctuations_

occur in DFF(f). These fluctuations make a constant shift

of the predicted attenuation PA(f) a poor approximation to

the actual attenuation AA(f) over the whole range that

includes both high and low frequencies.

FIG. 18C shows predicted and actual signal

attenuations PAF, AA; for another nominal subscriber line

F. A shifted predicted attenuation SPAp,_which has been

obtained by shifting the predicted attenuation PAF by a

constant, is also shown. For the nominal line F, the

shifted predicted attenuation SPAF provides a better

approximation to the actual attenuation AA; that the

predicted attenuation PA; over the entire range between 100
KHZ and 500 KHZ.

The actual and predicted signal attenuations AA(f),

PA(f) of nominal lines are approximately related by a

constant shift over a wide frequency range. The wide

frequency range includes both low measurement frequencies

and high frequencies where effects of bridged. taps are

directly observable.

In step 176 of FIG. 17, the labels ISDN qualified,

ADSL qualified, and data service disqualified are defined
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by the value of the actual signal attenuation at 100 KHZ

and 300 KHZ. High-speed data qualified and disqualified

lines satisfy:

Class Label 100 KHZ 300 KHZ

ADSL qualified attenuation > —47dB attenuation > -40

ISDN qualified attenuation > —47dB attenuation g -40

Disqualified attenuation g -47dB attenuation g -40

Thus, qualification. or disqualification of a line 12-14

for ADSL and ISDN are defined by the value of the actual

signal attenuation at two high frequencies, i.e., 100 KHz
and 300 KHz.

FIG. 19 illustrates a decision tree 180 that

determines a classifying label, e.g., an auxiliary

variable, generated in steps 175-177 of FIG. 17. A

separate classifier, e.g., a decision tree, is used to
determine each such label.

The decision tree 180 has a hierarchical arrangement

of branching tests 1, l.1—1.2; l.1.1—2.2.2,..., which are

grouped into descending levels 1, 2, 3.... Each test

assigns feature data received from a higher level to

disjoint subsets in the next lower level. The subsets of

the lower level are located at ends of arrows starting at

the test. For example, test 1.1 assigns feature data to

subsets 1.1 and 1.2, which are located. at the ends of

arrows 6 and 7, see FIG. 20. At the lower level, another

set of tests can act on the feature data.

FIG. 20 illustrates how the tests 1, 1.1, 1.2,... of

the various levels of the decision tree 180 of FIG. 19 act

on a set of feature data associated with the subscriber

lines 12-14. Each successive test partitions the set,

i.e., by using values of the selected features, into"

increasingly disjoint output subsets. For example, test 1
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partitions the initial feature data into subset 1 and

subset 2. The distal end of each path through the

decision tree 180 assigns a subscriber line to a final

subset in which the lines are primarily associated with

one value of the classifying label of the tree 180. some

decision trees 180 determine a probability that the.

subscriber line 12-14 has the value of the label of the

final subset to which it is assigned.

FIG. 21 is a flow chart for a method 190 of creating

decision trees for use as the classifiers in steps 175,

176, and 177 of FIG. 17. The method 190 uses nmchine

learning methods.

To employ machine_ learning, a training set of

subscriber line data is created (step 192). The content

the training set includes model lines with different

Values of the labels used by the decision tree to classify

lines. If the decision tree classifies lines with the

label “bridged tap present" and “bridged tap absent”, then

some of the lines of the training sets will have bridged.

taps and some of the lines will not have bridged taps.

Similarly, in a stack of trees that classifies lines with

a particular label, each tree therein is constructed from

a training set having lines with different values of the

particular label.

For each line of the training set, a computer and/or

operator determines the values of a set of potential
features and the classifying labels (194).

The potential features include one—ended measured and

derived electrical properties that may be used in the

tests of the decision tree. The potential electrical

properties of one embodiment are listed in Appendix A.

The potential features also include values of any

auxiliary variables that may be used in the tests of the

decision tree. For example, a decision tree used in step
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177 of FIG. 17 would also include, as potential features,

auxiliary variables determining whether a line is nominal

and preliminarily qualified for preselected data services.

The classifying labels are the values of the

auxiliary variables output by the decision tree. The

values of these output auxiliary variables may, for’

example, include a determination of whether a line is

nominal, qualified, or has a bridged tap.

Determinations of values of the classifying labels

for the lines of the training set may use both one-ended‘

and two—ended electrical measurements. For example, to

classify a line of the training set as nominal or non-

nominal a two—ended measurement of the actual attenuation

and a one—ended neasurement of the predicted attenuation

are needed. Similarly, to determine the classifying label

associated with qualification for data services, two—ended

measurements of the actual attenuation are used. The two-

ended measurements are not, however, used as inputs in the

construction of decision trees.

From the Values of the potential features and

classifying labels of each line in the training set, the

computer 46 recursively determines the branching tests of

the decision tree (step 196).

FIG. 22 is a flow chart for a method 200 of
determining the branching tests of the decision tree 180

shown in FIGs. 19-20. For each potential feature, the

computer 46 constructs a test and partitions the training

set into groups of disjoint subsets (step 202). The test

associated with a feature assigns each line of the

training set to subsets according to a value of that

feature for the line.

The computer 46 evaluates gain ratio criteria for the

partitioning of the training set produced by each
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potential feature (step 204). The gain ratio criteria

measures increases in consistency of line membership for

different values of the classification label in each

subset. The computer 46 uses the gain ratio criteria to

find a best test and defines test 1 of the decision tree

180 to be the best test (step 206).

The computer loops back to perform steps 202, 204,

and 206 for each subset produced by test 1 to determine

the tests of level 2 of the decision tree 180 (loop 208).

In these determinations, the subsets produced by the best

test of level 1 become training sets for finding the tests

of level 2. After performing steps 202, 204, and 206 for

the subsets 1 and 2, the computer 46 has determined the

tests 1.1 and 1.2 of the level 2 (loop 208). The computer

46 performs loop 208 either until further branches produce‘

line classification errors below a preselected threshold

or until no features remain.

Several methods exist for defining the best branching

tests at each level of the decision tree 180 of FIG. 19.

The C4.5 method defines best tests as tests producing the

highest values of the gain ratio criteria. The C4.5*

method randomly picks the best tests from the tests whose

values of the gain ratio criteria are within a preselected

selection percentage of the highest value.

The C4.5* algorithm predicts probabilities that a
line with features "d" will be partitioned into each final

subset of the decision tree. The probability that the

line will be in the majority final subset L is:

PL(d) = l - (2(jnotinIJNj + 1)/(2(iin1JNi + 2)-

Here, N; is the number of lines in subset "i".

probability that the line will be in a subset "i" is:

Pi(d) = [1 — PL(d)l (Ni/2(j in L)Nj)-

In embodiments using the C4.5* algorithm, the above-
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described probabilities are the auxiliary variables used

as features in the steps 175-177 of FIG. 17.

Various embodiments combine the methods of detecting

line faults (70, 90), determining lines structures (140,

160), and stacking fault detection (170), shown in FIGs_

7, 8, 13, 15, 17. By combining the above-mentioned

methods, these embodiments can better classify subscriber

lines according to a variety of criteria. These criteria

include presence of line conditions and faults, line

speed, and qualification status.

Other embodiments are within the 'scope of the

following claims.

What is claimed is:
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St::_p’r< - Value of 5::-If) at. frequency St:_fpk -
S:r_va.1. - Value of St:(f) at ftequencv St:_fva.L
3cr:_:‘.a.‘L:a — st: peak/valley difference = S::.Pk-Sl:r_vaJ.

SI:g'_u‘max - Maximm. positive slope of Stgtfl = max(de::'.va.c:'.ve(Sl:gtf}/din
S:g_f:a.x - Frequency at which 5:q_&aax occur:
5:g_dmin - Maximum negative slope of Stgtf) = mi.n(dariva.eive(s:gx£)/din
S:q_€-min - Ftuquencv A: which S:q_'2Ln occurs
S:q_Ep)< - Frequency of ti:-at peak (Local. ma.-::.:na)in Stg(£)
s:g_Eva..L - Frequency of E~'_::: va.L.\.ey(1ocaJ. minimalin Stgtfll
Stg_,d_de1!-.a. - sag Max/Min. Derzvazive ciitternnce = s:g'_ -s:q_a'.m',n
SI:g_pk_de1ca - 5:9‘ peek/valley frequency di fezence = SI:g_Eval-S!;g__:';:k

Gtg2Dk/Gtqflk - Ratio of Gzg at ‘.3950!-Iz and 82501-12
Gtq20k/Gtqtlk - Ratio of Gtg at 395032 and 42001-Iz
cq':30lCq:20k - Ratio of Ct; at 1032 and 159501-12
’:g:30/Cqtflk - Ratio of Ct; at 1:182 and 825032
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What is claimed is:

1. A method of determining a physical structure of

a subscriber line, comprising:

searching a reference set for a match between the

subscriber line and a model line of the reference set,

the match being based on electrical properties of the

lines; and

identifying that the subscriber line has a specific

physical structure in response to finding a match with

one of the model lines that has the specific physical

structure.

2. The method of claim 1, further comprising:

performing electrical measurements to determine the

electrical properties, the electrical measurements being
one—ended measurements.

3. The method of claim 2, wherein the act of

searching comprises:

evaluating an error function for each model line to

determine quality of the match between values of the

electrical properties of the model and subscriber lines.

4. The method of claim 2, wherein the one—ended

measurements determine one of a tip—to—ring admittance, a

tip—to—ground admittance, and a ring—to—ground

admittance.

5. The method of claim 4, wherein the electrical

properties include a quantity representative of a phase

of an impedance of the subscriber line.

6. The method of claim 4, wherein the act of
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performing includes transmitting a Voltage signal to the

subscriber line through a test access of a switch or a

DSLAM device.

7. The method of claim 2, wherein the act of

identifying indicates that the subscriber line has one or

more bridged taps in response to the matching model line

having one or more bridged taps.

8. The method of claim 2, wherein the act of

identifying indicates that the subscriber line has a

mixture of gauges in response to the matching model

having a mixture of gauges.

9. The method of claim 2, wherein the act of

searching for comprises:

looking up values of the electrical properties of

the model lines in a data storage device.

10. The method of claim 2, wherein the act of

searching comprises:

computing values of a portion of the electrical

properties of the model lines using a reference equation.

11. The method of claim 2, wherein the one—ended

measurements are performed at a plurality of frequencies.

12. The method of claim 11, further comprising:

calculating a value of signal attenuation for the

subscriber line from the one—ended measurements; and

increasing the calculated value in response to

determining that the line has a bridged tap.
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13. A method of qualifying a subscriber line for a

data service, comprising:

searching a reference set of model lines for a best

match to a subscriber line by comparing sets of

electrical properties;

determining that the subscriber line has a specific

physical structure in response to the best matching model

line having the specific physical structure; and

disqualifying the subscriber line for the data

service, in part, in response to determining that the

specific physical structure corresponds to a disqualified
line.

14. The method of claim 13, wherein the electrical

properties are obtained from one—ended measurements on
the subscriber line.

15. The method of claim 14, wherein the act of

searching for a best match comprises:

evaluating an error function for each model line to

determine quality of correspondence between the

electrical properties of the model line and of the

subscriber line.

16. The method of claim 14, wherein the compared

properties include a quantity indicative of the phase an

impedance of the subscriber line.

17. The method of claim 14, further comprising:

making one—ended electrical measurements on the

subscriber line at a plurality of frequencies to obtain

the electrical properties.
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18. The method of claim 17, further comprising:

calculating a value of signal attenuation for the

subscriber line from the one—ended measurements; and

increasing the value in response to determining that

the line has a bridged tap.

19. The method of claim 18, wherein the act of

disqualifying is responsive to the increased value being

greater than a predetermined threshold value for the data
service.

20. The method of claim 17, wherein the one—ended

measurements determine one of a tip—to—ring admittance, a

tip—to—ground admittance, and a ring—to—ground
admittance.

21. The method of claim 17, wherein the making one-

ended measurements includes driving the subscriber line

through a test access of a switch or DSLAM device.

22. A method of providing a data service,

comprising:

searching a reference set of model lines for a best

match to a subscriber's line by comparing measured

electrical properties to properties of the model lines;

determining whether the subscriber's line is

qualified for the data service based in part on whether

the best matching model line has a one of a bridged tap

and a mixture of gauges; and

performing a business action in response to

determining that the subscriber's line is qualified.

23. The method of claim 22, wherein the business
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action includes offering one of the data service and a

service quality—level agreement to the subscriber.

24. The method of claim 22, wherein the act of

ffering comprises:

performing one of a repair and a replacement of the

subscriber line in response to determining that

subscriber line is disqualified.

25. The method of claim 22, further comprising:

repeating the acts of searching, determining, and

performing for a plurality of subscriber lines connected

to one telephony switch or one DSLAM device.

26. The method of claim 22, wherein the act of

searching for a best match comprises:

evaluating an error function for each model line to

determine quality of a correspondence between the

electrical properties of the model line and the

subscriber line.

27. The method of claim 22, wherein the compared

properties include a quantity indicative of a phase of an

impedance of the subscriber line.

28. The method of claim 22, further comprising:

performing one—ended electrical measurements at a

plurality of frequencies to obtain the electrical

properties.

29. The method of claim 22, wherein the act of

determining further comprises:

calculating a value of a signal attenuation for the
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subscriber line from the one—ended measurements;

increasing the value in response to determining that

the line has a bridged tap or a mixture of gauges; and

wherein the act of qualifying is responsive to the

increased value being less than a predetermined threshold

value for the data service.

30. A data storage device storing an executable

program of instructions for determining a structure of a

subscriber line, the instructions to cause a computer to:

search a reference set for a match between the

subscriber line and a model line of a reference set, the

match being based on electrical properties of the lines;
and

identify that the subscriber line has a specific

physical structure in response to finding a match with

one of the model lines that has the specific physical

structure.

31. The device of claim 30, wherein the electrical

properties are determined from one—ended measurements.

32. The device of claim 30, wherein the

instructions to search cause the computer to:

evaluate an error function for each model line to

determine quality of the match between values of the

electrical properties of the model and subscriber lines.

33. The device of claim 30, wherein the electrical

properties include a quantity representative of a phase

of an impedance of the subscriber line.

34. The device of claim 31, wherein the
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instructions to identify cause the computer to indicate

that the subscriber line has one or more bridged taps in

response to the matching model line having one or more

bridged taps.

35. The device of claim 31, wherein the

instructions to identify cause the computer to indicate

that the subscriber line has a mixture of gauges in

response to the matching model having a mixture of

gauges.

36. The device of claim 31, wherein the electrical

properties in a property at a plurality of frequencies.

37. The device of claim 31, the instructions

further causing the computer to:

calculate a value of signal attenuation for the

subscriber line from the one—ended measurements; and

increase the calculated value in response to

determining that the line has a bridged tap.
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ENSEMBLE MOIOEM STRUCTURE FOR

IMPERFECT TRANSMI S S I ON 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-

phone 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 ; priori method for deter-

mining the distribution of the noise spectrum over the

usable bandwidth of the VF line.

Additionally, a frequency—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 SM96OO Super Modem

manufactured by Gandalf Data, Inc., is described. In

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 degrades 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 orthogonal 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. In this case, 1

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 dia1—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,

quadrature 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 maintainedgbelow a specified level, 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.

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

TE + TPH where TE is the duration of the symbol and TfiH
is the duration of the first section. The_magnitude of

TPH is greater than or equal to the maximum estimated
phase delay for any frequency component of the

waveform. For example, if the symbol is represented by

the time series, xo ... xn_1, transmitted in time TE;
then the guardtime waveform is represented by the time

transmitted in timeX ...X
xn-l’ O m—l’

TE + TPH. The ratio that m bears to n is equal to the

ratio that TPH bears to TE.
At the receiving modem, the_time of arrival,

series, xo ...

T0, of the first frequency component of the guard-time
waveform is determined. A sampling period, of dura-

tion TE, is initiated a time To + TPH.
Accordingly, the entire symbol on each carrier

frequency is sampled and intersymbol interference 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

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

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. Control is then

allocated to B which transmits N packets, where N may

be very large. Control is again allocated to modem A

which transmits 1 packets before returning control to
B.

Thus, allocation of control is proportional

to the ratio of I to N. If the transmission of the

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, allocation of the

transmission link varies according to the actual needs
of the user.

Additionally, the maximum number of packets,

N, need not be the same fdr each modem, but may be

varied to accommodate known disproportions in the data

to be transmitted by A and B modems. * I

According to another aspect of the invention,

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-

tion, a system for determining a precise value of To
is included. This system utilizes two timing signals.

at £1 and £2, incorporated in a waveform transmitted

from modem A at time TA. The relative phase difference
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between the first and second timing signals at time TA
is zero.

The waveform is received at modem B and a

rough estimate, TEST, of the time of reception is

obtained by detecting energy at £1. The relative phase

difference between the timing signals at time TEST is

utilized to obtain a precise timing reference, T0.

BRIEF DESCRIPTION OF THE DRAWINGS

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 embodiment of
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

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-

cation of the waterfilling 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.

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.

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 Ensemble 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, RB. However, the transmission rate on each

carrier, denoted the symbol or baud rate, RS, is only a
fraction of RB. For example, if data were allocated

equally between two carriers then R5 = RB/2.
In the preferred embodiment O, 2, 4, S or 6

bit data elements are encoded on each carrier and the

modulation of each carrier is changed every 136 msec.

A theoretical maximum, RB, assuming a 6 bit RS 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 RS 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 TE
where the magnitude of T is determined as set forth
below.

E

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

hit number may assume sixteen discrete values. Each

point in the constellation represents a vector (xn,yn)
with xn 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 yn and four dis-
crete xn 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 xn and yn amplitude coefficients. This
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ability to discriminate is dependent on the signal to

noise ratio for a given carrier frequency.

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. 3

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 digital-to-analog converter 43 in-

cluded in an analog I/O 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

output from the ADC 52 is coupled to a receive time

series buffer 54 which is also coupled to the input of

a demodulator 56. 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

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
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

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.

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

bits into an (xn,yn) vector for each carrier frequency
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 hits from the bit
stream would be converted to one of the sixteen points

in the four bit constellation of Fig. 2. Each of these

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 hits



Page 616 of 1037

WO 86/07223 PCT/US86/00983

12

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 frequencies.

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 bfiffer 54.‘

The demodulator 56 converts the 1,024 entry time series

table into a 512 entry (xnryn) 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 (x,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



Page 617 of 1037

W0 86/07223 PCT/US86/00983

13

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 a1., entitled

Theory and Applications of Digital Siggal 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 frequency carrier

depends on the magnitude of the channel noise component

at that carrier frequency. The equivalent transmitted

noise component at frequency fn, N(fn), is the measured
(received) noise power at frequency fn multiplied by

the measured signal loss at frequency fn. 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. In 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 dBR.

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

.in a preferred embodiment, OdBR = -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 either

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-



Page 619 of 1037

W0 86/137223 ‘ PCT/US86/00983

15

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-

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

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

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

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

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-

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

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. I I

A transmission link now exists between the

two modems. In general, 300 to 400 frequency 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

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 i

have the data relating to transmission in the answer-

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

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 frequency component in both the

answer-originate and originate-answer directions.

The above description of the determination of

the equivalent noise leveI_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

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

be described more fully below after the description of

the method for calculating the number of bits and power

levels allocated to each frequency 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

corrected for the FFT to function reliably. In 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

tracking algorithms generate estimates of the frequency

offset necessary.

Power and Code Complexity Allocation

The information encoded on each carrier fre?

quency signal is decoded at the receiver channel by the

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., Bo bits at a specified fre-

quency, fo, over a VF telephone line characterized by

an equivalent noise level component, N0, will now be
analyzed. Generally, external system requirements

determine a maximum bit error rate (BER) that can be

tolerated. For the transmission of b0 bits at noise

level No and frequency fo, the signal to noise ratio

must exceed Eb/No where Eb is the signal power per hit

to maintain the BER below5a given BER, (BER)o.
Fig. 5 depicts the QAM constellations for

signals of various complexities B. An exemplary signal

to noise ratio, Eb/NO, for each constellation and the
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

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

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

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

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-

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

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 waterfillingl

algorithm. The waterfilling algorithm is an informa-

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

power constraint. Fig. 6 provides a visualization of

the waterfilling algorithm. Referring now to Fig. 6,

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 equivalent noise function to a

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

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

1968, p. 387.

It must.be emphasized that the waterfilling

theorem relates to maximizing the theoretical capacity

of a channel where the capacity is defined as the maxi-

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,

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

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.

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.

The power allocation method used in a pre-

ferred embodiment of the present invention is as
follows:



Page 624 of 1037

WO 86/07223 PCT/US86/00983

20

(1) Calculate the system noise at the trans-

mitter by measuring the equivalent noise at the

receiver and multiplying by transmission loss. This

process for measuring these quantities was described

above with respect to synchronization and Fig. 4. The
system noise components are calculated for each carrier

frequency. ,

(2) For each carrier frequency, calculate

the power 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

fa 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.

(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-

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-

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

available 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

transmit a data element of a selected number of bits,

N1, for two carriers A and B at frequencies fA and EB.

TABLE 1

Carrier A

P M@(N1 to N
0 _

4 MP(0to2)=2/bit

12 MP(2to4)=4/bit ‘

19 MP(4to5)=7/bit

29 MP(5to6)=l0/bit

2)

Carrier B

P ME(N1 to N2)
0 ..

6 MP(Oto2)=3/bit

18 MP(2to4)=6/bit

29 MP(4to5)=l1/bit

44 MP(5tO6)=15/bit

The marginal power to increase the complexity

from a first number of bits, N1, to a second number of
bits, N2, is defined by the relationship: s

MP(Nl to N2) =

where P2 and 31 are the powers required to transmit

data elements of complexity N2 and N1. N2-N1 is
quantitative difference in the complexity of the data

elements. It is understood the BER is constrained to

remain below a preset limit. A
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The marginal powers for fA are less than for

£3 because the equivalent noise at f , N(fB), is
greater than the equivalent noise at fA, N(fA).

The implementation of the allocation scheme

for carriers A and B will now be described. Assume that

a total number of bits, NT, 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
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.

To increase NT by two bits requires that 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

N1 = 0 and N2 = 2 and MP(0 to 2) = 2/bit for channel A
and MP(O 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 NT to NT + 2, and has six
remaining available power units.

The next increase of two bits requires six

power units because MT(2 to 4) = 4/bit for carrier A and

MP(O 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-

all signal complexity from NT + 2 to NT + 4 bits. and
has no remaining available power units.

As is now clear, the system “shops” among the

various carrier frequencies for the lowest power cost

to increase the complexity of the overall ensemble data
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

5 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. Instead, the histogram is

constructed having a range of 64dB with counts spaced

tin O.5dB steps. The quantitative 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.

When 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 equal to MP(max + 1) will be allocated if the
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k MT(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 relaé

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 firstE:§d
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

35 microseconds) due to their location near the center of

the band. Accordingly, by comparing the phases of the

two timing samples and correcting TEST by the number of
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time sampling offsets indicated by the phase difference,

a precise timing reference, TO, 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 frequency

carriers of the ensemble after undergoing frequency

dependent phase delay. Referring to Fig. 8, three

signals 90, 92, and 94 at frequencies fo, £256, and

£512 are depicted. Two symbols, xi and yi, of length
TS 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 xi and yi the trailing section of the first

symbol xi on signals 92 and 96, near the outer edge of
the band will overlap the leading edge of the second

symbol yi 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, TS, 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

xi, yi, and zi, respectively, are depicted. The wave-
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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, T5, of 128 msec. and a maximum phase delay, TPH,
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, (Xi), the time
series of the symbol, X0 — X1023, 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

the beginning of the guard—time epoch defined by those

frequency components which arrive first).

are
0 63'

This detection process is illustrated in Fig.

10. In Fig. 10 first and second guard—time waveforms

110 and 112 at £1, near the center of the band, and £2,
near the edge of the band, are depicted. The frequency

component at fl 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

£2, 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 period of 128

msec. is initiated at the time To + TPH. Thus, the en-

tire symbol on f , X0 - X1023, is sampled. The entire

symbol at fl 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
£1 has been delayed 8 msec. by the retransmission of

the first 8 msec. of (xi). Thus, the leading edge of

the second symbol at fl, does not overlap the trailing

edge of the first symbol at £2.
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

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.

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 squares 113 with the constellation

points 114 at the centers of the squares 113.

In Fig. 11, the vector W = (xn,yn) represents
the demodulated amplitudes of the sine and cosine signals

at fn. W is in the square 113 having the constellation
point (3,3) centered therein. Accordingly, W is

decoded as (3,3).

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

the received vectors in the squares of the demodulation

template of Fig. 11. In Fig. 12, a single square is

divided into four quadrants upper left, lower right,

upper right, lower right, 115, 116, 117, ana 118 char-

acterized as too fast, too slow, too big, and too little,

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.

However, if transmission loss changes by even

0.ldB 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

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

frequency an adjustment of 1 .1dB or i l.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, too big,‘

and too little are preferred in some embodiments.

Additionally, the phase of the timing signals

is tracked to allow corrections of T0.
Allocation of Channel Control

The present invention further includes a

unique system for allocating control of an established

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

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

transmitted packets may be significantly less than

required to empty the input buffer. On the other hand,

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

may comprise the originate or answer comb of frequencies

defined above with respect to Fig. 4 and the synchroni-

zation process. i
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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-

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

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/O

interface 44, and a digital I/O interface 122 are

coupled to a common data bus 124. The analog I/O

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
with the common data bus 124.

The following components are utilized in a

preferred embodiment of the invention. The analog I/O

interface 44 is a high performance 12 bit coder-decoder

(codec) and telephone line interface. The interface has

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. 2

The digital I/O interface 122 is a standard

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-

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 subsystem including a 10MHz 68000 pro-

cessor and the 68000 program memory. The 32K by 16

bit program memory consists of several low power, high

density, ROM chips included in the ROM unit 133.

The mathematical processor 130 is a 320 digi-

tal signal microprocessor system (DSP) including a

20MHz 320 processor, the 320 program memory, and an

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, EFT,

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 I/O,

and performs self and system test as appropriate.

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

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

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

squares in the modulation template were divided into

four quadrants. However, a given parameter may be

tracked by 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

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

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

the invention can be limited except as indicated by the

appended claims.
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1. In a high speed modem, for transmitting

data over a telephone line, of the type that encodes

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 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

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;

determining the value, ME(max) at which point

the available power is exhausted; and

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 M(max)

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 equal to MP(max).

2. The invention of claim 1 where said step

of ordering comprises the steps of:

providing a table of arbitrary marginal power

levels; and

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.



Page 637 of 1037

wo 86/07223 PCT/US86/00983

33

3. The invention of claim 2 wherein the

step of determining equivalent noise comprises the steps
of:

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-

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 modem,

where the amplitude of each carrier has a predetermined

value;

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

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-

quency to the noise component at each carrier frequency

to determine equivalent noise.

4. A high speed modem of the type for trans-

mitting a signal on a VF telephone line, comprising:

means for receiving an input digital data

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;

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

signal loss and noise level.

T 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;

a digital electronic memory;

bus means for coupling said processor and

said memory;

means, associated with said digital electronic

processor, for T

determining the equivalent 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

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;

determining the value, M(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)

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-

cies on a VP 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:

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

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;

demodulating said ensemble of carriers to

obtain the demodulation points positioned in said set

of first and second tracking regions;

counting the number of points disposed in

said set of first tracking regions and the number of

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

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

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

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 quadrants.

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 K packets of data from modem

A to modem B where L is equal to IA if K is less than

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

to IA, and where L is equal to NA

NA 50 that the minimum number of packets transmitted is

if K is greater than

IA and the maximum is NA;
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 IE if J is less than

IB, where M is equal to J if J is greater than or equal

to IE, and where L is equal to NE if J is greater than

NE so that the minimum number of packets transmitted is
I

B and the maximum is N ;
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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.

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 frequencies, a

system for allocating data and power to the carrier

frequencies, said system comprising:

means for determining the equivalent noise

component for every carrier frequency in the ensemble;

means for determining the marginal power re-A

quirement to increase the complexity of the data ele-

ment on each carrier from n information units to n + 1

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

ordered marginal powers in order of increasing power;

means for determining the value, M(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 equal to

the sum of all the marginal powers less than or equal

to ME(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

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

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:
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; B

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;

means for determining the value of the compo-

nent, in dB, at each carrier frequency of the accumulated

noise; and 7

means for adding the signal loss at each car-

rier frequency to the noise component at each carrier

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 transmission,

a system for tracking deviations in the magnitude of

the system parameter during the receipt of data, said

system comprising: i

means for generating QAM constellations for a

plurality of carrier frequencies; B

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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points of said constellation positioned within each of

said first regions;

means for forming a set of tracking regions

where each first region has a first and second tracking

region disposed therein;

means for demodulating said ensemble of car-

riers to obtain the modulation points positioned in

said set of first and second tracking regions;

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

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

the receipt of data.

14. 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

points centered therein.

15. The invention of claim 14 wherein said

means for forming said tracking regions comprises:

means for dividing said squares into quadrants;
and

means for selecting said tracking regions to

be symmetrically disposed quadrants.

16. 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 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-

mission link to modem A;

means for determining the number,K, of

packets of data required to transmit the volume of data

stored in the input buffer of modem A;

means for transmitting L packets of data

from modem A to modem B where L is equal to IA if K is

less than IA but less than NA,

K is greater than or equal to IA, and where L is equal
to N if K is greater than N so that the minimum numberA A

of packets transmitted is IA and the maximum is NA;-

where L is equal to K if

means for allocating control of the trans-

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

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 IE if J is

less than IB, where M is equal to J if J is greater than

or equal to IE but less than N , and where L is equal to

NB if J is greater than NB so that the minimum number of

packets transmitted is IB and the maximum is NB; .
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.

17. In a 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

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

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 equal to the reciprocal of the

sampling frequency, said method comprising:

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

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;

determining the value, MT(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)

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 equal to M(max);

transmitting a symbol encoded on one of said-

carrier frequencies where said symbol is a predetermined

time duration, TS;

retransmitting the first TPH
symbol to form a transmitted waveform of duration

TE + TPH’
allocating control of the transmission link

seconds of said

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;'

transmitting L packets of data from modem A

to modem B where L is equal to IA if K is less than IA,
where L is equal to K if K is greater than or equal to

IA, and where L is equal to NA if K is greater than NA

so that the minimum number of packets transmitted is IA
and the maximum is NA;

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 1B if J is less than IE,
where M is equal to J if J is greater than or equal to

IE, and where L is equal to NE if J is greater than NB
so that the minimum number of packets transmitted is IB
and the maximum is NB;

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;

generating an analog waveform at modem A in—,

cluding first and second frequency components at fl and
f2;

transmitting said waveform from modem A to

modem B at time TA; T
adjusting the phases of said first and and

second frequency components so that their relative phase

difference at time TA is equal to about 0°;

detecting energy at frequency fl at modem B

to determine the estimated time, TEST, that said wave-
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;
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 NI sampling

10 intervals to obtain a precise timing reference, To.
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METHOD OF COMMUNICATION CHANNEL MONITORING

Field of the Invention

The present invention relates generally to the field of communication

systems. More particularly. the present invention relates to the monitoring of

communication channels.

Background of the Invention

Two information services found in households and businesses today

include television. or video. services and telephone services. Another

information service involves digital data transfer which is most frequently

accomplished using a modem connected to a telephone service. All further

references to telephony herein shall include both telephone services and digital

data transfer services.

Characteristics of telephony and video signals are different and

therefore telephony and video networks are designed differently as well. For

example. telephony information occupies a relatively narrow band when

compared to the bandwidth for video signals. In addition. telephony signals

are low frequency whereas NTSC standard video signals are transmitted at

carrier frequencies greater than 50 MHz. Accordingly. telephone transmission

networks are relatively narrow band systems which operate at audio

frequencies and which typically serve the customer by twisted wire drops from

a curb—side junction box. On the other hand. cable television services are

broad band and incorporate various frequency carrier mixing methods to

achieve signals compatible with conventional very high frequency television

receivers. Cable television systems or video services are typically provided by

cable television companies through a shielded cable service connection to each

individual home or business.

One attempt to combine telephony and video services into a single

network is described in U.S. Patent No. 4.977.593 to Balance entitled "Optical

Communications Network." Balance describes a passive optical

communications network with an optical source located in a central station.

The optical source transmits time division multiplexed optical signals along an
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optical fiber and which signals are later split by a series of splitters between

several individual fibers servicing outstations. The network allows for digital

speech data to be transmitted from the outstations to the central station via the

same optical path. ln addition. Balance indicates that additional wavelengths

could be utilized to add services. such as cable television. via digital multiplex

to the network.

A 1988 NCTA technical paper. entitled "Fiber Backbone: A Proposal

For an Evolutionary Cable TV network Architecture." by James A. Chiddix

and David M. Pangrac. describes a hybrid optical fiber/coaxial cable television

(CATV) system architecture. The architecture builds upon existing coaxial

CATV networks. The architecture includes the use of a direct optical fiber

path from a head end to a number of feed points in an already existing CATV

distribution system.

U.S. Patent No. 5.153.763 to Pidgeon. entitled "CATV Distribution

Networks Using Light Wave Transmission Lines." describes a CATV network

for distribution of broad band. multichannel CATV signals from a head end to

a plurality of subscribers, Electrical to optical transmitters at the head end

and optical to electrical receivers at a fiber node launch and receive optical

signals corresponding to broad band CATV electrical signals. Distribution

from the fiber node is obtained by transmitting electrical signals along coaxial

cable transmission lines. The system reduces distortion of the transmitted

broad band CATV signals by block conversion of all or part of the broad band

of CATV signals to a frequency range which is less than an octave. Related

US. Patent No. 5.262.883 to Pidgeon. entitled "CATV Distribution Networks

Using Light Wave Transmission Lines." further describes the distortion

reducing system.

Although the above—mentioned networks describe various concepts for

transmitting broad band video signals over various architectures. which may

include hybrid optical fiber/coax architectures. none of these references

describe a cost effective. flexible. communications system for telephony

communications. Several problems are inherent in such a communication

system.
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One such problem is the need to optimize the bandwidth used for

transporting data so that the bandwidth used does not exceed the allotted

bandwidth. Bandwidth requirements are particularly critical in multi-point to

point communication where multiple transmitters at remote units must be

accommodated such that allotted bandwidth is not exceeded.

A second problem involves power consumption of the system. The

communication system should minimize the power used at the remote units for

the transport of data. as the equipment utilized at the remote units for

transmission and reception may be supplied by power distributed over the

transmission medium of the system.

Data integrity must also be addressed. Both internal and external

interference can degrade the communication. Internal interference exists

between data signals being transported over the system. That is. transported

data signals over a common communication link may experience interference

therebetween. decreasing the integrity of the data. Ingress from external

sources can also effect the integrity of data transmissions. A telephony

communication network is susceptible to "noise" generated by external

sources. such as HAM radio. Because such noise can be intermittent and vary

in intensity. a method of transporting data over the system should correct or

avoid the presence of such ingress.

These problems and others as will become apparent from the

description to follow. present a need for an enhanced communication system.

Summary of the Invention

The use of channel monitoring to address some of the problems

inherent in a multi-point to point communication system. in particular. with

respect to ingress. is described. The monitoring method of the present

invention monitors a telephony communication n-bit channel wherein one of

the bits is a parity bit. The parity bit of the n-bit channel is sampled and a

probable bit error rate is derived from the sampling of the parity bit.

In one embodiment. the probable bit error rate over a time period is

compared to a predetermined bit error rate value representing a minimum bit
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error rate to determine if the n-bit channel is corrupted. A corrupted channel

can then either be reallocated or. in another embodiment, the transmission

power of the channel can be increased to overcome the corruption.

In an alternate method embodiment. the method comprises the steps of

sampling the parity bit of the n-bit channel over a first time period, deriving a

probable bit error rate from the sampling of the parity bit over the first time

period. comparing the probable bit error rate over the first time period to a

pre—determined bit error rate value to determine if the n-bit channel is

corrupted. and accumulating a probable bit error rate over a plurality of

successive time periods if the n-bit channel is not corrupted.

In another alternate method embodiment, the method comprises the

steps of sampling the parity bit of the n-bit channel and deriving a probable

bit error rate from the sampling of the parity bit over a first time period. The

probable bit error rate over the first time period is compared to a first

predetermined bit error rate value to determine if the n-bit charmel is

corrupted. A probable bit error rate from the sampling of the parity bit over a

second time period is derived. The second time period is longer than the first

time period and runs concurrently therewith. The probable bit error rate over

the second time period is compared to a second predetermined bit error rate

value to determine if the n-bit channel is corrupted.

In still yet another alternate embodiment. a method for monitoring at

least one unallocated telephony communication channel includes periodically

monitoring the at least one unallocated telephony communication channel.

Error data for the at least one unallocated telephony communication channel

accumulated and the at least one unallocated telephony communication

channel is allocated based on the error data.

Brief Description of the Drawings

Figure 1 shows a block diagram of a communication system in

accordance with the present invention utilizing a hybrid fiber/coax distribution

network:

Figure 2 is an alternate embodiment of the system of Figure 1:
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Figure 3 is a detailed block diagram of a host digital terminal (HDT)

with associated transmitters and receivers of the system of Figure 1;

Figure 4 is a block diagram of the associated transmitters and receivers

of Figure 3;

Figure 5 is a block diagram of an optical distribution node of the

system of Figure 1;

Figure 6 is a general block diagram of an integrated service unit (ISU)

such as a home integrated service unit (HISU) or a multiple integrated service

unit (MISU) of Figure l;

Figures 7A, 7B, 7C show data frame structures and frame signaling

utilized in the HDT of Figure 3:

Figure 8 is a general block diagram of a coax master card (CXMC) of

a coax master unit (CXMU) of Figure 3:

Figure 9A shows a spectral allocation for a first transport embodiment

for telephony transport in the system of Figure 1;

Figure 9B shows a mapping diagram for QAM modulation;

Figure 9C shows a mapping diagram for BPSK modulation:

Figure 9D shows a subband diagram for the spectral allocation of

Figure 9A;

Figure 10 is a block diagramtof a master coax card (MCC)

downstream transmission architecture of the CXMU for the first transport

embodiment of the system of Figure 1;

Figure ll is a block diagram of a coax transport unit (CXTU)

downstream receiver architecture of an MISU for the first transport

embodiment of the system of Figure 1;

Figure 12 is a block diagram of a coax home module (CXHM)

downstream receiver architecture of an HISU for the first transport

embodiment of the of the system of Figure 1'.

Figure 13 is a block diagram of a CXHM upstream transmission

architecture associated with the CXHM downstream receiver architecture of

Figure 12:

Figure 14 is a block diagram of 21 CXTU upstream transmission



Page 663 of 1037

WO 96124995 PCTIUS96I0 1606

6

architecture associated with the CXTU downstream receiver architecture of

Figure 11:

Figure 15 is a block diagram of an MCC upstream receiver architecture

associated with the MCC downstream transmission architecture of Figure 10;

Figure 16 is a flow diagram of a acquisition distributed loop routine

for use with the system of Figure 1;

Figure 17 is a flow diagram of a tracking distributed loop architecture

routine for use with the system of Figure 1;

Figure 18 shows a magnitude response of a polyphase filter bank of

the MCC upstream receiver architecture of Figure 15;

Figure 19 is an enlarged View of part of the magnitude response of

Figure 18;

Figure 20 is a block diagram of a ingress filter structure and FFT of

the MCC upstream receiver architecture of Figure 15;

Figure 21 is a block diagram of a polyphase filter structure of the

ingress filter structure and FFT of Figure 20;

Figure 22A is a block diagram of a carrier. amplitude. timing recovery

block of the downstream receiver architectures of the first transport

embodiment;

Figure 228 is a block diagram of a carrier. amplitude. timing recovery

block of the MCC upstream receiver architecture of the first transport

embodiment;

Figure 23 is a block diagram of internal equalizer operation for the

receiver architectures of the first transport embodiment:

Figure 24 is a spectral allocation of a second transport embodiment for

transport in the system of Figure 1:

Figure 25 is a block diagram of an MCC modem architecture of the

CXMU for the second transport embodiment of the system of Figure 1;

Figure 26 is a block diagram of a subscriber modem architecture of the

HISU for the second transport embodiment of the system of Figure 1:

Figure 27 is a block diagram of a modern of the subscriber modem

architecture of Figure 26:
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Figure 28 is a block diagram for channel monitoring used in the

system of Figure 1;

Figures 29A. 29B. and 29C are flow diagrams for error monitor

portions of channel monitor routines of Figure 28;

Figure 29D is an alternate flow diagram for the diagram of Figure

29B:

Figure 30 is a flow diagram for a background monitor portion of the

channel monitor routines of Figure 28: and

Figure 31 is a flow diagram for a backup portion of the channel

monitor routines of Figure 28.

Detailed Description of the Preferred Embodiment

The communication system 10. as shown in Figure 1, of the present

invention is an access platform primarily designed to deliver residential and

business telecommunication services over a hybrid fiber-coaxial (HFC)

distribution network 11. The system 10 is a cost-effective platform for

delivery of telephony and video services. Telephony services may include

standard telephony. computer data and/or telemetry. In addition. the present

system is a flexible platform for accommodating existing and emerging

services for residential subscribers.

The hybrid fiber—coaxial distribution network I l utilizes optical fiber

feeder lines to deliver telephony and video service to a distribution node 18

(referred to hereinafter as the optical distribution node (ODN)) remotely

located from a central office or a head end 32. From the ODNs 18. service is

distributed to subscribers via a coaxial network. Several advantages exist by

utilizing the HFC-based communication system l0. By utilizing fiber installed

in the feeder. the system 10 spreads the cost of optoelectronics across

hundreds of subscribers. Instead of having a separate copper loop which runs

from a distribution point to each subscriber (“star” distribution approach). the

system 10 implements a bused approach where a distribution coaxial leg 30

passes each home and subscribers “tap” the distribution coaxial leg 30 for

service. The system 10 also allows non-video services to be modulated for
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transmission using more cost-effective RF modem devices in dedicated

portions of the RF spectrum. Finally. the system 10 allows video services to

be carried on existing coaxial facilities with no additional subscriber

equipment because the coaxial distribution links can directly drive existing

cable-ready television sets.

It should be apparent to one skilled in the art that the modern transport

architecture described herein and the functionality of the architecture and

operations surrounding such architecture could be utilized with distribution

networks other than hybrid fiber coax networks. For example. the

functionality may be performed with respect to wireless systems. Therefore.

the present invention contemplates use of such systems in accordance with the

accompanying claims.

The system l0 includes host digital terminals 12 (HDTS) which

implement all common equipment functions for telephony transport. such as

network interface. synchronization. DSO grooming. and operations.

administration. maintenance and provisioning (OAM&P) interfaces. and which

include the interface between the switching network and a transport system

which carries information to and from customer interface equipment such as

integrated service units 100 (ISUS). Integrated services units (ISUS) 100. such

as home integrated service units (HISUS) 68 or multiple user integrated

service units (MISUS) 66. which may include a business integrated service

unit as opposed to a multiple dwelling integrated service unit. implement all

customer interface functions and interface to the transport system which

carries information to and from the switched network. In the present system.

the HDT 12 is normally located in a central office and the lSUs 100 are

remotely located in the field and distributed in various locations. The HDT

l2 and lSUs 100 are connected via the hybrid fiber-coax distribution network

ll in a multi-point to point configuration. ln the present system. the modem

functionality required to transport information over the HFC distribution

network 1 1 is performed by interface equipment in both the HDT 12 and the

ISUs 100. Such modern functionality is performed utilizing orthogonal

frequency division multiplexing.
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The communication system shall now be generally described with

reference to Figures 1. 3 and 6. The primary components of system 10 are

host digital terminals (HDTS) 12. video host distribution terminal (VHDT) 34,

telephony downstream transmitter l4. telephony upstream receiver 16. the

hybrid fiber coax (HFC) distribution network ll including optical distribution

node 18. and integrated service units 66. 68 (shown generally as ISU 100 in

Figure 6) associated with remote units 46. The HDT 12 provides telephony

interface between the switching network (noted generally by trunk line 20)

and the modem interface to the HFC distribution network for transport of

telephony information. The telephony downstream transmitter 14 performs

electrical to optical conversion of coaxial RF downstream telephony

information outputs 22 of an HDT 12. shown in Figure 3. and transmits onto

redundant downstream optical feeder lines 24. The telephony upstream

receiver 16 performs optical to electrical conversion of optical signals on

redundant upstream optical feeder lines 26 and applies electrical signals on

coaxial RF upstream telephony information inputs 28 of HDT 12. The optical

distribution node (ODN) 18 provides interface between the optical feeder lines

24 and 26 and coaxial distribution legs 30. The ODN 18 combines

downstream video and telephony onto coaxial distribution legs 30. The

integrated services units provide modem interface to the coaxial distribution

network and service interface to customers.

The HDT 12 and ISUS 100 implement the telephony transport system

modulator-demodulator (modem) functionality. The HDT 12 includes at least

one RF MCC modem 82. shown in Figure 3 and each ISU 100 includes an R}

ISU modem 101. shown in Figure 6. The MCC modems 82 and ISU modems

101 use a multi-carrier RF transmission technique to transport telephony

information. such as DSO+ channels. between the HDT 12 and lSUs 100. This

multi-carrier technique is based on orthogonal frequency division multiplexing

(OFDM) where a bandwidth of the system is divided up into multiple carriers.

each of which may represent an information channel. Multi-carrier

modulation can be viewed as a technique which takes time-division

multiplexed information data and transforms it to frequency-division
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multiplexed data. The generation and modulation of data on multiple carriers

is accomplished digitally. using an orthogonal transformation on each data

channel. The receiver performs the inverse transformation on segments of the

sampled waveform to demodulate the data. The multiple carriers overlap

spectrally. However. as a consequence of the orthogonality of the

transformation. the data in each carrier can be demodulated with negligible

interference from the other carriers. thus reducing interference between data

signals transported. Multi-carrier transmission obtains efficient utilization of

the transmission bandwidth. particularly necessary in the upstream

communication of a multi-point to point system. Multi-carrier modulation

also provides an efficient means to access multiple multiplexed data streams

and allows any portion of the band to be accessed to extract such multiplexed

information. provides superior noise immunity to impulse noise as a

consequence of having relatively long symbol times. and also provides an

effective means for eliminating narrowband interference by identifying carriers

which are degraded and inhibiting the use of these carriers for data

transmission (such channel monitoring and protection is described in detail

below). Essentially. the telephony transport system can disable use of carriers

which have interference and poor performance and only use carriers which

meet transmission quality targets.

Further. the ODNS 18 combine downstream video with the telephony

information for transmission onto coaxial distribution legs 30. The video

information from existing video services. generally shown by trunk line 20. is

received by and processed by head end 32. Head end 32 or the central office.

includes a video host distribution terminal 34 (VHDT) for video data

interface. The Vl-IDT 34 has optical transmitters associated therewith for

communicating the video information to the remote units 46 via the ODNs 18

of the distribution network 11.

The telephony transmitter 14 of the I-IDTS 12. shown in Figure 3 and

4. includes two transmitters for downstream telephony transmission to protect

the telephony data transmitted. These transmitters are conventional and

relatively inexpensive narrow band laser transmitters. One transmitter is in
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standby if the other is functioning properly. Upon detection of a fault in the

operating transmitter, the transmission is switched to the standby transmitter.

In contrast. the transmitter of the VHDT 34 is relatively expensive as

compared to the transmitters of I-IDT 12 as it is a broad band analog DFB

laser transmitter. Therefore, protection of the video information. a non-

essential service unlike telephony data. is left unprotected. By splitting the

telephony data transmission from the video data transmission. protection for

the telephony data alone can be achieved. If the video data information and

the telephony data were transmitted over one optical fiber line by an

expensive broad band analog laser. economies may dictate that protection for

telephony services may not be possible. Therefore. separation of such

transmission is of importance.

Further with reference to Figure l, the video information is optically

transmitted downstream via optical fiber line 40 to splitter 38 which splits the

optical video signals for transmission on a plurality of optical fiber lines 42 to

a plurality of optical distribution nodes 18. The telephony transmitter 14

associated with the l-IDT l2 transmits optical telephony signals via optical

fiber feeder line 42 to the optical distribution nodes 18. The optical

distribution nodes 18 convert the optical video signals and optical telephony

signals for transmission as electrical outputs via the coaxial distribution

portion of the hybrid fiber coax (HFC) distribution network ll to a plurality

of remote units 46. The electrical downstream video and telephony signals

are distributed to lSUs via a plurality of coaxial legs 30 and coaxial taps 44 at

the coaxial distribution portion of the HFC network ll.

The remote units 46 have associated therewith an ISU 100. shown

generally in Figure 6. that includes means for transmitting upstream electrical

data signals including telephony information. such as from telephones and data

terminals. and in addition may include means for transmitting set top box

information from set top boxes 45 as described further below. The upstream

electrical data signals are provided by a plurality of lSUs 100 to an optical

distribution node 18 connected thereto via the coaxial portion of the HFC

distribution network 1]. The optical distribution node 18 converts the
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upstream electrical data signals to an upstream optical data signal for

transmission over an optical fiber feeder line 26 to the head end 32.

Figure 2 generally shows an alternate embodiment for providing

transmission of optical video and optical telephony signals to the optical

distribution nodes 18 from head end 32. the HDT l2 and VHDT 34 in this

embodiment utilize the same optical transmitter and the same optical fiber

feeder line 36. The signals from HDT l2 and VHDT 34 are combined and

transmitted optically from headend 32 to splitter 38. The combined signal is

then split by splitter 38 and four split signals are provided to the optical

distribution nodes 18 for distribution to the remote units by the coaxial

distribution legs 30 and coaxial taps 44. Return optical telephony signals

from the ODNS 18 would be combined at splitter 38 for provision to the

headend. However. as described above. the optical transmitter utilized would

be relatively expensive due to its broad band capabilities. lessening the

probabilities of being able to afford protection for essential telephony services.

As one skilled in the art will recognize. the fiber feeder lines 24. 26, as

shown in Figure 1. may include four fibers. two for transmission downstream

from downstream telephony transmitter 14 and two for transmission upstream

to upstream telephony receiver 16. With the use of directional couplers, the

number of such fibers may be cut in half. In addition. the number of

protection transmitters and fibers utilized may vary as known to one skilled in

the art and any listed number is not limiting to the present invention as

described in the accompanying claims.

The present invention shall now be described in further detail. The

first part of the description shall primarily deal with video transport. The

remainder of the description shall primarily be with regard to telephony

transport.

VIDEO TRANSPORT

The communication system 10 includes the head end 32 which receives

video and telephony information from video and telephony service providers

via trunk line 20. Head end 32 includes a plurality of HDTS 12 and a VHDT
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34. The HDT 12 includes a network interface for communicating telephony

information. such as Tl. ISDN, or other data services information, to and

from telephony service providers. such communication also shown generally

by trunk line 20. The VHDT 34 includes a video network interface for

communicating video information. such as cable TV video information and

interactive data of subscribers to and from video service providers. such

communication also shown generally by trunk line 20.

The VHDT 34 transmits downstream optical signals to a splitter 38 via

video optical fiber feeder line 40. The passive optical splitter 38 effectively

makes four copies of the downstream high bandwidth optical video signals.

The duplicated downstream optical video signals are distributed to the

correspondingly connected optical distribution nodes 18. One skilled in the

art will readily recognize that although four copies of the downstream video

signals are created. any number of copies may be made by an appropriate

splitter and that the present invention is not limited to any specific number.

The splitter is a passive means for splitting broad band optical signals

without the need to employ expensive broad band optical to electrical

conversion hardware. Optical signal splitters are commonly known to one

skilled in the art and available from numerous fiber optic component

manufacturers such as Gould, Inc. In the alternative. active splitters may also

be utilized. In addition. a cascaded chain of passive or active splitters would

further multiply the number of duplicated optical signals for application to an

additional number of optical distribution nodes and therefore increase further

the remote units serviceable by a single head end. Such alternatives are

contemplated in accordance with the present invention as described by the

accompanying claims.

The VHDT 34 can be located in a central office. cable TV head end.

or a remote site and broadcast up to about 112 NTSC channels. The VHDT

34 includes a transmission system like that of a LiteAMpTM system available

from American Lightwave Systems. Inc.. currently a subsidiary of the assignee

hereof. Video signals are transmitted optically by amplitude modulation of a

1300 nanometer laser source at the same frequency at which the signals are
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received (i.e. the optical transmission is a terahertz optical carrier which is

modulated with the RF video signals). The downstream video transmission

bandwidth is about 54-725 MHZ. One advantage in using the same frequency

for optical transmission of the video signal as the frequency of the video

signals when received is to provide high bandwidth transmission with reduced

conversion expense. This same-frequcnc_v transmission approach means that

the modulation downstream requires optical to electrical conversion or

proportional conversion with a photodiode and perhaps amplification. but no

frequency conversion. In addition. there is no sample data bandwidth

reduction and little loss of resolution.

An optical distribution node 18. shown in further detail in Figure 5.

receives the split downstream optical video signal from the splitter 38 on

optical fiber feeder line 42. The downstream optical video signal is applied to

a downstream video receiver 400 of the optical distribution node 18. The

optical video receiver 400 utilized is like that available in the Lite AMpm

product line available from American Lightwave Systems, Inc. The converted

signal from video receiver 400. proportionally converted utilizing photodiodesl

is applied to bridger amplifier 403 along with converted telephony signals

from downstream telephony receiver 402. The bridger amplifier 403

simultaneously applies four downstream electrical telephony and video signals

to diplex filters 406 which allow for full duplex operation b_v separating the

transmit and receive functions when signals of two different frequency

bandwidths are utilized for upstream and downstream transmission. There is

no frequency conversion performed at the ODN 18 with respect to the video

or the downstream telephony signals as the signals are passed through the

ODNS to the remote units via the coaxial portion of the HFC distribution

network ll in the same frequency bandwidth as they are received at the

ODNs 18.

After the ODN 18 has received the downstream optical video signals

and such signals are convened to downstream electrical video signals. the four

outputs of the ODN 18 are applied to four coaxial legs 30 of the coaxial

portion of the HFC distribution network ll for transmission of the
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downstream electrical Video signals to the remote units 46. Such transmission

for the electrical video signals occurs in about the 54-725 MHz bandwidth.

Each ODN 18 provides for the transmission on a plurality of coaxial legs 30

and any number of outputs is contemplated in accordance with the present

invention as described in the accompanying claims.

As shown in Figure 1. each coaxial cable leg 30 can provide a

significant number of remote units 46 with downstream electrical video and

telephony signals through a plurality of coaxial taps 44. Coaxial taps are

commonly known to one skilled in the art and act as passive bidirectional

pickoffs of electrical signals. Each coaxial cable leg 30 may have a number

of coaxial taps 44 connected in series. In addition. the coaxial portion of the

HFC distribution network l 1 may use any number of amplifiers to extend the

distance data can be sent over the coaxial portion of such distribution network

1 1.

Downstream video signals are provided from the coaxial taps 44 to the

remote units 46. The video signal from the coaxial tap 44 is provided to an

HISU 68 which is generally shown by the block diagram of ISU 100 in

Figure 6. The ISU 100 is provided with the downstream electrical video and

telephony signal from tap 44 and it is applied to diplex filter 104. The

downstream electrical video and telephony signal is passed through the diplex

filter 104 to both an ingress filter lO5 and ISU modem lOl. The downstream

video signal is passed by the ingress filter 105 to video equipment via an

optional set top box 45. The downstream electrical telephony signal applied

from the diplex filter l04 to the [SU modem 101 is processed as described in

further detail below.

lngress filter I05 provides the remote unit 46 with protection against

interference of signals applied to the video equipment as opposed to those

provided to other user equipment such as telephones or computer terminals.

lngress filter 105 passes the video signals: however. it blocks those

frequencies not utilized by the video equipment. By blocking those

frequencies not used by the video equipment. stray signals are eliminated that

may interfere with the other services by the network to at least the same
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The set top box 45 is an optional element at the remote unit 46.

Interactive video data from set top box 45 would be transmitted by an

additional separate RF modem provided by the video service provider at a

relatively low frequency in the bandwidth of about 5 to 40 MHZ. Such

frequency must not be one used for the transport of upstream and downstream

telephony data and downstream video.

For an MISU 66. a separate coaxial line from coaxial tap 44 is

utilized to provide transmission of video signals from the coaxial tap 44 to the

set top box 45 and thus for providing downstream video signals to video

equipment 47. The ingress filter 105 as shown in Figure 6 is not a part of the

MISU 66 as indicated b_v its dashed representation.

Alternative embodiments of the VHDT 34 may employ other

modulation and mixing schemes or techniques to shift the video signals in

frequency. and other encoding methods to transmit the information in a coded

format. Such techniques and schemes for transmitting analog video data. in

addition to those transmitting digital video data, are known to one skilled in

the art and are contemplated in accordance with the spirit and scope of the

present invention as described in the accompanying claims.

TELEPHONY TRANSPORT

With reference to Figure 3. telephony information and ISU operations

and control data (hereinafter referred to as control data) modulated on carriers

by MCC modem 82 is transmitted between the HDT 12 and the telephony

downstream transmitter 14 via coaxial lines 22. Telephony information and

control data modulated on carriers by ISUS 100 is received at telephony

upstream receiver 16 and communicated to the MCC modem 82 via coaxial

cable lines 28. The telephony downstream transmitter 14 and the telephony

upstream receiver 16 transmit and receive. respectively. telephony information

and control data via optical fiber feeder lines 24 and 26 to and from a

corresponding optical distribution node 18. The control data may include all

operations. administration. maintenance & provisioning (OAM&P) for
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providing the telephony services of the system 11 and any other control data

necessary for providing transport of telephony information between the HDT

12 and the ISUs 100.

A block diagram of the HDT 12 is shown in Figure 3. The HDT 12

includes the following modules: Eight DS1 Units (DSIU) (seven quad-DS1

units 48 plus one protection unit 50). one protection switch & test conversion

unit 52 (PSTU). two clock & time slot interchange units 54 (CTSUS) (one

active and one standby/protection unit). six coax master units 56 (CXMUS)

(three active and three standby/protection units). two shelf control units 58

(SCNUS) (one active and one standby/protection unit). and two power supply

units 60 (PWRUS) (two load-sharing units which provide the appropriate HDT

voltages from a central office supply).

The HDT 12 comprises all the common equipment functions of the

telephony transport of the communication system 10. The HDT 12 is

normally located in a central office and directly interfaces to a local digital

switch or digital network element equipment. The HDT provides the network

interface 62 for all telephony information. Each HDT accommodates from 2

to 28 DSX—l inputs at the network interface 62. representing a maximum of

672 DSO channels.

The HDT 12 also provides all synchronization for telephony transport

in the system 11. The HDT 12 may operate in any one of three

synchronization modes: external timing. line timing or internal timing.

External timing refers to synchronization to a building integrated timing

supply reference which is sourced from a central office in which the HDT 12

is located. Line timing is synchronized to the recovered clock from a DSX-1

signal normally derived from the local digital switch. Internal timing is a

free-running or hold-over operation where the HDT maintains its own

synchronization in the absence of any valid reference inputs.

The HDT 12 also provides quarter-DSO grooming capabilities and

implements a 4096 x 4096 full-access. non-blocking quarter-DSO (16 kbps)

cross-connect capability. This allows DSOS and quarter—DSOs (ISDN “D"

channels) to be routed from any timeslot at the DSX-I network interface 62 to
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any customer serviced by any ISU 100.

The HDT 12 further provides the RF modem functionality required for

telephony transport over the HFC distribution network 1 1 including the MCC

modem 82. The HDT 12 accommodates up to three active CXMUs 56 for

providing the modem interface to the HFC distribution network 11 and also

provides one-for-one protection for each active CXMU 56.

The HDT 12 coordinates the telephony transport system including

control and communication of many ISUS of the multi-point to point

communication system 11. Each HDT 12 module performs a function. The

DSlU module 48 provides the interface to the digital network and DSX-1

termination. The PSTU 52 provides DSIU equipment protection by switching

the protection DSIU 50 for a failed DSIU module 48. The CTSU 54

provides the quarter-DSO timeslot grooming capability and all system

synchronization functions. The CTSU 54 also coordinates all call processing in

the system. The CXMU 56. described in further detail below. provides the

modem functionality and interface for the OFDM telephony transport over the

HFC distribution network 11 and the SCNU 58 supervises the operation of the

entire communication system providing all OAM&P functions for telephony

transport. Most processing of requests for provisioning is performed by the

SCNU 58.

Downstream Telephony Transmitter

The downstream telephony transmitter 14. shown in Figure 4. takes the

coaxial RF outputs 22 from the active CXMUS 56 of the HDT 12 which carry

telephony information and control data and combines the outputs 22 into a

downstream telephony transmission signal. The electrical—to-optical

conversion logic required for the optical transmission is implemented in a

stand-alone downstream telephony transmitter 14 rather than in the HDT 12 to

provide a more cost effective transport solution. By placing this function in a

separate component. the expense of this function does not need to be

replicated in each CXMU 56 of the HDT 12. This reduces the cost of the

CXMU 56 function and allows the CXMU 56 to transmit and receive over
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coax instead of fiber. The downstream telephony transmitter 14 also provides

for transmission on redundant downstream fiber feeder lines 24 to an ODN

18.

The downstream telephony transmitter 14 is co—located with the HDT

12 preferably within a distance of 100 feet or less. The downstream

telephony transmitter 14 receives the coaxial RF outputs from the active

CXMUS 56. each within a 6 MHZ frequency band, and combines them at

combiner 25 into a single RF signal. Each 6 MHZ frequency band is

separated by a guard band as is known to one skilled in the art. Downstream

telephony information is then transmitted in about the 725-800 MHZ frequency

band. The telephony transmitter 14 passes the combined signal through a 1-

to-2 splitter (not shown). thereby producing redundant downstream electrical

signals. The two redundant signals are each delivered to redundant laser

transmitters 501 for electrical-to-optical conversion and the redundant signals

modulate an optical output such that the output of the downstream telephony

transmitter 14 is on two optical feeder lines 24. each having an identical

signal modulated thereon. This provides protection for the downstream

telephony portion of the present system. Both Fabry-Perot lasers in the

telephony transmitter 14 are active at all times. All protection functions are

provided at the receive end of the optical transmission (located at the ODN

18) where one of two receivers is selected as "active;" therefore. the telephony

transmitter 14 requires no protection switching capabilities.

Upstream Telephonv Receiver

The upstream telephony receiver 16 performs the optical-to-electrical

conversion on the upstream optical telephony signals on the upstream optical '

feeder lines 26 from the ODN 18. The upstream telephony receiver 16 is

normally co—located in the central office with the HDT 12. and provides an

electrical coaxial output to the HDT 12. and a coaxial output 23 to be

provided to a video set-top controller (not shown). Upstream telephony

information is routed via coax lines 28 from the upstream telephony receiver

16 to active CXMUS 56 of the HDT 12. The coaxial link 28 between the
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1-1DT 12 and the upstream telephony receiver 16 is preferably limited to a

distance of 100 feet or less and is an intra-office link. Video set-top

controller information. as described in the Video Transport section hereof. is

located in a bandwidth of the RF spectrum of 5-40 MHZ which is not utilized

for upstream telephony transport such that it is transmitted along with the

upstream telephony information.

The upstream telephony receiver 16 has dual receivers 502 for the dual

upstream optical fiber feeders lines 26. These feeder lines 26 carry redundant

signals from the ODN 18 which contain both telephony information and

control data and also video set-top box information. The upstream telephony

receiver 16 performs automatic protection switching on the upstream feeder

lines 26 from the ODN. The receiver 502 selected as “active” by protection

logic is split to feed the coaxial outputs 28 which drive the IIDT 12 and

output 23 is provided to the set-top controller (not shown).

Optical Distribution Node

Referring to Figure 5. the ODN 18 provides the interface between the

optical feeder lines 24 and 26 from the HDT 12 and the coaxial portion of the

1-IFC distribution network 11 to the remote units 46. As such, the ODN 18 is

essentially an optical-to-electrical and electrical-to-optical converter. The

maximum distance over coax of any ISU 100 from an ODN 18 is preferably

about 6 km and the maximum length of the combined optical feeder

line/coaxial drop is preferably about 20 km. The optical feeder line side of

the ODN 18 terminates six fibers although such number may vary. They

include: a downstream video feeder line 42 (single fiber from video splitter

38). a downstream telephony feeder line 24 (from downstream telephony

transmitter 14). a downstream telephony protection feeder line 24 (from

downstream telephony transmitter 14). an upstream telephony feeder line 26

(to upstream telephony receiver 16). an upstream protection feeder line 26 (to

upstream telephony receiver 16). and a spare fiber (not shown). The ODN 18

provides protection switching functionality on the receive optical feeder lines

24 from the downstream telephony transmitter. The ODN provides redundant
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transmission on the upstream optical feeder lines 26 to the upstream telephony

receiver. Protection on the upstream optical feeder lines is controlled at the

upstream telephony receiver 16. On the coaxial distribution side of ODN 18.

the ODN 18 terminates up to four coaxial legs 30.

In the downstream direction. the ODN 18 includes downstream

telephony receiver 402 for converting the optical downstream telephony signal

into an electrical signal and a bridger amplifier 403 that combines it with the

converted downstream video signal from downstream video receiver 400

terminated at the ODN 18 from the VHDT 34. This combined wide-band

electrical telephony/video signal is then transported in the spectrum allocated

for downstream transmission. for example. the 725-800 MHZ band. on each of

the four coaxial legs of the coaxial portion of the I-IFC distribution network

ll. As such. this electrical telephony and video signal is carried over the

coaxial legs 30 to the ISUs 100: the bridger amplifier 403 simultaneously

applying four downstream electrical telephony and video signals to diplex

filters 406. The diplex filters 406 allow for full duplex operation by

separating the transmit and receive functions when signals at two different

frequency bandwidths are utilized for upstream and downstream transmission.

There is no frequency conversion available at the ODN 18 for downstream

transport as the telephony and ‘video signals are passed through the ODN 18 to

the remote units 46 via the coaxial portion of HFC distribution network 11 in

the same frequency bandwidth as they are received at the ODN 18. As shown

in Figure 1. each coaxial leg 30 can provide a significant number of remote

units 46 with downstream electrical video and telephony signals through a

plurality of coaxial taps 44. Coaxial taps 44 commonly known to one skilled

in the art act as passive bidirectional pickoffs of electrical signals. Each

coaxial leg 30 may have a number of coaxial taps connected in a series. ln

addition. the coaxial portion of the HFC distribution network ll may use any

number of amplifiers to extend the distance data can be sent over the coaxial

portions of the system 10. The downstream electrical video and telephony

signals are then provided to an ISU 100 (Figure 6). which. more specifically.

may be an HISU 68 or an MISU 66 as shown in Figure l.
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In the upstream direction. telephony and set top box information is

received by the ODN 13 at diplex filters 406 over the four coaxial legs 30 in

the RF spectrum region from 5 to 40 MHz. The ODN 18 may include

optional frequency shifters 64 equipped on up to three of four coaxial legs 30.

These frequency shifters 64. if utilized. mix the upstream spectrum on a

coaxial leg to a higher frequency prior to combining with the other three

coaxial legs. Frequency shifters 64 are designed to shift the upstream

spectrum in multiples of 50 MHZ. For example. the frequency shifters 64

may be provisioned to mix the upstream information in the 5-40 MHZ portion

of the RF spectrum to any of the following ranges: 50 to 100 MHZ. 100 to

150 MHZ. or 150 to 200 MHZ. This allows any coaxial leg 30 to use the

same portion of the upstream RF spectrum as another leg without any

spectrum contention when the upstream information is combined at the ODN

18. Provisioning of frequency shifters is optional on a coaxial leg 30. The

ODN 18 includes combiner 408 which combines the electrical upstream

telephony and set top box information from all the coaxial legs 30 (which

may or may not be frequency shifted) to form one composite upstream signal

having all upstream information present on each of the four coaxial legs 30.

The composite electrical upstream signal is passively 1:2 split and each signal

feeds an upstream Fabry-Perot laser transmitter which drives a corresponding

upstream fiber feeder line 26 for transmission to the upstream telephony

receiver 16.

If the upstream telephony and set top box signals are upshifted at the

ODN 18. the upstream telephony receiver 16 includes frequency shifters 31 to

downshift the signals according to the upshifting done at the ODN 18. A

combiner 33 then combines the downshifted signals for application of a

combined signal to the HDT 12. Such downshifting and combining is only

utilized if the signals are upshifted at the ODN 18.

Integrated Services Unit (lSUs[

Referring to Figure 1. the 1SUs 100. such as HISU 63 and MISU 66.

provide the interface between the HFC distribution network 11 and the
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customer services for remote units 46. Two basic types of ISUs are shown.

which provide service to specific customers. Multiple user integrated service

unit 66 (MISUS) may be a multiple dwelling integrated service unit or a

business integrated service unit. The multiple dwelling integrated service unit

may be used for mixed residential and business environments. such as multi-

tenant buildings. small businesses and clusters of homes. These customers

require services such as plain old telephone service (POTS). data services.

DS1 services. and standard TR—57 services. Business integrated service units

are designed to service business environments. They may require more

services. for example. data services. ISDN. DS1 services. higher bandwidth

services. such as video conferencing. etc. Home integrated services units 68

(HISUS) are used for residential environments such as single-tenant buildings

and duplexes. where the intended services are POTS and basic rate integrated

digital services network (ISDN). Description for lSUs shall be limited to the

HISUS and MISUS for simplicity purposes as multiple dwelling and business

integrated service units have similar functionality as far as the present

invention is concerned.

All ISUS 100 implement RF modem functionality and can be

generically shown by ISU 100 of Figure 6. ISU 100 includes ISU modem

10]. coax slave controller unit (CXSU) 102. channel units 103 for providing

customer service interface. and diplex filter/tap 104. In the downstream

direction. the electrical downstream telephony and video signal is applied to

diplex filter/tap 104 which passes telephony information to ISU modem 10]

and video information to video equipment via an ingress filter 105 in the case

of a HISU. When the ISU 100 is a MISU 66. the video information is

rejected by the diplex filter. The ISU modem 10] demodulates the

downstream telephony information utilizing a modem corresponding to the

MCC modem 82 used for modulating such information on orthogonal

multicarriers at HDT 12. ISU 100 demodulates downstream telephony

information from a coaxial distribution leg 30 in a provisionable 6 MHZ

frequency band. Timing generation 107 of the ISU modem 101 provides

clocking for CXSU lO2 which provides processing and controls reception and
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transmission by ISU modem 101. The demodulated data from ISU modem

101 is passed to the applicable channel units 103 via CXSU 102 depending

upon the service provided. For example. the channel units 103 may include

line cards for POTS. DSI services. ISDN, other data services. etc. Each ISU

l0O provides access to a fixed subset of all channels available in a 6 MHZ

frequency band corresponding to one of the CXMUS of HDT 12. This subset

of channels varies depending upon the type of ISU 100. An MISU 66 may

provide access to many DSO channels in a 6 MHZ frequency band. while an

HISU 68 may only provide access to a few DSO channels.

The channel units 103 provide telephony information and control data

to the CXSU 102. which provides such data to ISU modem 101 and controls

ISU modem 10] for modulation of such telephony data and control data in a

provisional 6 MHz frequency band for transmission onto the coaxial

distribution leg 30 connected thereto. The upstream 6 MHZ frequency band

provisionable for transmission by the ISU 100 to the HDT 12 corresponds to

one of the downstream 6 MHZ bands utilized for transmission by the CXNIUS

56 of HDT 12.

The CXSU 102 which applies demodulated data from the ISU modem

101 to the applicable channel units, performs data integrity checking on the

downstream 10 bit DSO+ packets received from the ISU modem lOl. Each

ten bit DSO-F packet as described below includes a parity or data integrity bit.

The CXSU 102 will check the parity of each downstream 10 bit DSO+

channel it receives. Further. the parity of each upstream DSO+ received from

the channel units 103 is calculated and a parity bit inserted as the tenth bit of‘

the upstream DSO+ for decoding and identification by the HDT 12 of an error

in the upstream data. If an error is detected by CXSU 102 when checking the

parity of a downstream 10 bit DSO+ channel it receives. the parity bit of the

corresponding upstream channel will be intentionally inverted to inform the

HDT 12 of a parity error in the downstream direction. Therefore. the

upstream parity bit is indicative of errors in the downstream DSO+ channel

and the corresponding upstream DSO+ channel. An example of such a parity

bit generation process is described in U.S. patent application 08/074.913
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entitled "Point-to Multipoint Performance Monitoring and Failure Isolation

System" assigned to the assignee hereof. This upstream parity bit is utilized

in channel monitoring as described further below. As would be apparent to

one skilled in the an. the parity checking and generation may be performed. at

least in part. in other elements of the ISU or associated therewith such as the

channel units.

Each ISU 100 recovers synchronization from downstream transmission.

generates all clocks required for ISU data transport and locks these clocks to

the associated HDT timing. The lSUs 100 also provide call processing

functionality necessary to detect customer line seizure and line idle conditions

and transmit these indications to the HDT 12. ]SUs 100 terminate and receive

control data from the HDT l2 and process the control data received therefrom.

Included in this processing are messages to coordinate dynamic channel

allocation in the communication system 10. Finally. lSUs 100 generate ISU

operating voltages from a power signal received over the HFC distribution

network 11 as shown by the power signal 109 taken from diplex filter/tap 104.

Data Path in HDT

The following is a detailed discussion of the data path in the host

digital terminal (HDT) 12. Referring to Figure 3. the data path between the

network facility at the network interface 62 and the downstream telephony

transmitter 14 proceeds through the DSIU 48. CTSU 54. and CXMU 56

modules of the HDT 12. respectively. in the downstream direction. Each

DSIU 48 in the HDT 12 takes four DSls from the network and formats this

information into four 24-channel. 2.56 Mbps data streams of modified DSO

signals referred to as CTSU inputs 76. Each DSO in the CTSU input has been

modified by appending a ninth bit which can carry multiframe timing.

signaling information and control/status messages (Figure 7A), This modified

DSO is referred to as a “DSO+.“ The ninth bit signal (NBS) carries a pattern

which is updated each frame and repeats every 24 frames. This maps each 64

kbps DSO from the network into a 72 kbps DSO+. Thus. the twenty-four DSO

channels available on each DS1 are formatted along with overhead
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information into twenty-four DSO+ channels on each of four CTSU input

streams.

The ninth bit signaling (NBS) is a mechanism developed to carry the

multiframe timing. out-of-band signaling bits and miscellaneous status and

control information associated with each DSO between the DSIU and the

channel units‘ Its main functions are to carry the signaling bits to channel

units 103 and to provide a multiframe clock to the channel units 103 so that

they can insert upstream bit signaling into the DSO in the correct frame of the

multiframe. Because downstream DSOS may be coming from DSls which do

not share the same multiframe phase each DSO must carry a multiframe clock

or marker which indicates the signaling frames associated with the origination

DSI. The NBS provides this capability. Ninth bit signaling is transparent to

the OFDM modem transport of the communication system 11.

Up to eight DSIUS 48 may be equipped in a single HDT 12; including

seven active DS1Us 48 and a protection DSIU module 50. Thus. 32 CTSU

inputs are connected between the DS1Us and the CTSUS 54 but a maximum

of 28 can be enabled to carry traffic at any one time. The four remaining

CTSU inputs are from either the protection DSIU or a failed DSIU. The

PSTU includes switch control for switching the protection DSIU 50 for a

failed DSIU.

Each CTSU input is capable of carrying up to 32. 10-bit channels. the

first 24 channels carry DSO+s and the remaining bandwidth is unused. Each

CTSU input 76 is clocked at 2.56 Mbps and is synchronized to the 8 kHz

internal frame signal (Figure 7C). This corresponds to 320 bits per 125 psec

frame period. These 320 bits are framed as shown in Figure 7A. The

fourteen gap bits 72 at the beginning of the frame carry only a single activit}

pulse in the 2nd bit position. the remaining 13 bits are not used. Of the

following 288 hits. the first 216 bits normally carry twenty-four DSO+

Channels where each DSO+ corresponds to a standard 64 kbps DSO channel

plus the additional 8 kbps signaling bit. Thus. each DSO+ has a bandwidth of

72 kbps (nine bits every 8 Khz frame). The remaining 72 bits are reserved

for additional DSO+ payload channels. The final eighteen bits 74 of the frame
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The clock and time slot interchange unit 54 (CTSU) of the HDT 12

takes information from up to 28 active CTSU input data streams 76 and cross-

connects them to up to twenty-four 32—channel. 2.56 Mbps output data streams

78 which are input to the coax master units (CXMUS) 56 of the HDT 12.

The format of the data streams between the CTSU 54 and the CXMUS 56 is

referred to as a CTSU output. Each CTSU output can also carry up to 32. 10-

bit channels like the CTSU input. The first 28 carry traffic and the remaining

bandwidth is unused. Each CTSU output is clocked at 2.56 Mbps and is

synchronized to the 8 kHz internal framing signal of the HDT 12 (Figure 7C).

This corresponds to 320 bits per 125 usec frame period. The frame structure

for the 320 bits are as described above for the CTSU input structure.

The I-IDT 12 has the capability of time and space manipulation of

quarter-DSO packets (16 kbps). This function is implemented with the time

slot interchange logic that is part of CTSU 54. The CTSU implements a 4096

x 4096 quarter—DSO cross-connect function. although not all time slots are

utilized. In normal operation. the CTSU 54 combines and relocates up to 672

downstream DSO+ packets (or up to 2688 quarter—DSO packets) arranged as 28

CTSU inputs of 24 DSO-s each, into 720 DSO+ packets (or 2880 quarter—DSO

packets) arranged as 24 CTSU outputs of 32 DSO+s each.

The system has a maximum throughput of 672 DSO+ packets at the

network interface so not all of the CTSU output bandwidth is usable. If more

than the 672 channels are assigned on the “CTSU output“ side of the CTSU.

this implies concentration is being utilized. Concentration is discussed further
below.

Each CXMU 56 is connected to receive eight active CTSU outputs 78

from the active CTSU 54. The eight CTSU outputs are clocked by a 2.56

MHZ system clock and each carries up to 32 DSO+s as described above. The

DSO-rs are further processed by the CXMU 56 and a tenth parity bit is

appended to each DSO+ resulting in a 10 bit DSO+. These 10 bit packets

contain the DSO. the NBS (ninth bit signal) and the parity or data integrity bit

(Figure 7B). The 10 bit packets are the data transmitted on the I-{FC
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distribution network 11 to the lSUs lOO. The 10th bit or data integrity bit

inserted in the downstream channels is decoded and checked at the ISU and

utilized to calculate and generate a parity bit for corresponding channels in the

upstream as described above. This upstream parity bit which may be

representative of an error in the downstream or upstream channel is utilized to

provide channel protection or monitoring as further described herein.

In the upstream direction. the reverse path through the HDT is

substantially a mirror of the forward path through the HDT 12. For example,

the tenth parity bit is processed at the CXMU 56 and the signal from the

CXMU 56 to the CTSU 54 is in the format of Figure 7A,

The round trip delay of a DSO is the same for every data path. The

time delay over the path from the downstream CTSU output. through CXMU

56. over the HFC distribution network to the ISU 100 and then from the ISU

100. back over the HFC distribution network ll. through CXMU 56 and to

CTSU 54 is controlled by upstream synchronization. as described in detail

below. Generally, path delay is measured for each ISU and if it is not the

correct number of frames long. the delay length is adjusted by adding delay to

the path at the ISU 100.

Coax Master Unit (CXMU!

The coax master unit 56 (CXMU). shown in Figure 3. includes the

coax master card logic 80 (CXMC) and the master coax card (MCC) modem

82. As previously described. up to six CXMUS may be equipped in an HDT

12. The 6 CXMUS 56 include three pairs of CXMUs 56 with each pair

providing for transmit in a 6 MHz bandwidth. Each pair of CXMUS 56

includes one active CXMU and a standby CXMU. Thus. one to one

protection for each CXMU is provided. As shown in Figure 3. both CXMUS

of the pair are provided with upstream telephony data from the upstream

telephony receiver 16 and are capable of transmitting via the coaxial line 22 to

the downstream telephony transmitter 14. As such. only a control signal is

required to provide for the one-to-one protection indicating which CXMU 56

of the pair is to be used for transmission or reception.
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Coax Master Card Logic QCXMCQ

The coax master card logic 80 (CXMC) of the CXMU 56 (Figure 8).

provides the interface between the data signals of the HDT 12. in particular of

the CTSU 54, and the modem interface for transport of data over the HFC

distribution network 11. The CXMC 80 interfaces directly to the MCC

modem 82. The CXMC 80 also implements an ISU operations channel

transceiver for multi-point to point operation between the HDT 12 and all

ISUs 100 serviced in the 6 MHz bandwidth in which the CXMU 56 controls

transport of data within. Referring to Figure 8. the CXMC includes controller

and logic 84. downstream data conversion 88. upstream data conversion 90.

data integrity 92. IOC transceiver 96. and timing generator 94.

Downstream data conversion 88 performs the conversion from the

nine—bit channel format from CTSU 54 (Figure 7A) to the ten-bit channel

format (Figure 7B) and generates the data integrity bit in each downstream

channel transported over the HFC distribution network 1 l. The data integrity

bit represents odd parity. Downstream data conversion 80 is comprised of at

least a FIFO buffer used to remove the 32 gap bits 72. 74 (Figure 7A) present

in the downstream CTSU outputs and insert the tenth. data integrity bit. on

each channel under control of controller and logic 84.

The upstream data conversion 90 includes at least a FIFO buffer which

evaluates the tenth bit (data integrity) appended to each of the upstream

channels and passes this information to the data integrity circuitry 92. The

upstream data conversion 90 converts the data stream of ten-bit channels

(Figure 7B) back to the nine-bit channel format (Figure 7A) for application to

CTSU 54. Such conversion is performed under control of controller and logic

84.

The controller and logic 84 also manages call processing and channel

allocation for the telephony transport over the HFC network II and maintains

traffic statistics over the HFC distribution network I 1 in modes where

dynamic time-slot allocation is utilized. such as for providing TR-303 services.

concentration services commonly known to those skilled in the art. In

addition. the controller 84 maintains error statistics for the channels in the 6
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MHZ band in which the CXMU transports data, provides software protocol for

all ISU operations channel communications. and provides control for the

corresponding MCC modem 82.

The data integrity 92 circuitry processes the output of the tenth bit

evaluation of each upstream channel by the upstream conversion circuit 90.

In the prcscnt system, parity is only guaranteed to be valid on a provisioned

channel which has a call in progress. Because initialized and activated ISU

transmitters may be powered down when the ISUs are idle. the parity

evaluation performed by the CXMC is not always valid. A parity error

detected indicates either a transmission error in an upstream channel or a

transmission error in a downstream channel corresponding to the upstream

channel.

The ISU operations channel (IOC) transceiver 96 of the CXMC 80

contains transmit buffers to hold messages or control data from the controller

and logic 84 and loads these IOC control messages which are a fixed total of

8 bytes in length into a 64 kbps channel to be provided to the MCC modem

82 for transport on the HFC distribution network ll. In the upstream

direction. the IOC transceiver receives the 64 kbps channel via the MCC

modem 82 which provides the controller and logic 84 with such messages.

The timing generator circuit 94 receives redundant system clock inputs

from both the active and protection CTSUS 54 of the l-IDT 12. Such clocks

— include a 2 kHz HFC multiframe signal. which is generated by the CTSU 54

to synchronize the round trip delay on all the coaxial legs of the HFC

distribution network. This signal indicates multiframe alignment on the ISU

operations channel and is used to synchronize symbol timing and data

reconstruction for the transport system. A 8 kHz frame signal is provided for

indicating the first "gap" bit of a 2.56 MHZ. 32 channel signal from the CTSl'

54 to the CXMU 56. A 2.048 MHZ clock is generated by the CTSU 54 to the

SCNU 58 and the CXMU 56. The CXMU 56 uses this clock for ISU

operations channel and modem communication between the CXMC 80 and the

MCC modem 82. A 2.56 MHZ bit clock is used for transfer of data signals

between the DSlUs 48 and CTSUS 54 and the CTSUS 54 and CXMCS 56. A
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20.48 MHZ bit clock is utilized for transfer of the 10-bit data channels

between the CXMC and the MCC.

Master Coax Card gMCC) Modem

The master coax card (MCC) modem 82 of the CXMU 56 interfaces

on one side to the CXMC 80 and on the other side to the telephony

transmitter 14 and receiver 16 for transmission on and reception from the

HFC distribution network 11. The MCC modem 82 implements the modem

functionality for OFDM transport of telephony data and control data. The

block diagram of Figure 3 identifies the associated interconnects of the MCC

modem 82 for both upstream and downstream communication. The MCC

modem 82 is not an independent module in the HDT 12. as it has no interface

to the HDT 12 other than through the CXMC 80 of the CXMU 56. The

MCC modem 82 represents the transport system logic of the HDT 12. As

such. it is responsible for implementing all requirements associated with

information transport over the HFC distribution network 11. Each MCC

modem 82 of the CXMUS 56 of HDT 12 is allocated a maximum bandwidth

of 6 MHZ in the downstream spectrum for telephony data and control data

transport. The exact location of the 6 MHZ band is provisionable by the

CXMC 80 over the communication interface via the IOC transceiver 96

between the CXMC 80 and MCC modem 82. The downstream transmission

of telephony and control data is in the RF spectrum of about 725 to 800 MHz.

Each MCC modem 82 is allocated a maximum of 6 MHZ in the

upstream spectrum for receipt of control data and telephony data from the

lSUs within the RF spectrum of about 5 to 40 MHZ. Again. the exact

location of the 6 MHZ band is provisionable by the CXMC 80 over the

communication interface between the CXMC 80 and the MCC modem 82.

The MCC modem 82 receives 256 DSO+ channels from the CXMC 80

in the form of a 20.48 MHZ signal as described previously above. The MCC

modem 82 transmits this information to all the lSUs 100 using the multicarrier

modulation technique based on OFDM as previously discussed herein. The

MCC modem 82 also recovers 256 DSO+ multicarrier channels in the
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upstream transmission over the HFC distribution network and converts this

information into a 20.48 Mbps stream which is passed to CXMC 80. As

described previously. the multicarrier modulation technique involves encoding

the telephony and control data, such as by quadrature amplitude modulation.

into symbols. and then performing an inverse fast fourier transform technique

to modulate the telephony and control data on a set of orthogonal

multicarriers.

Symbol alignment is a necessary requirement for the multicarrier

modulation technique implemented by the MCC modem 82 and the ISU

modems 101 in the lSUs 100. In the downstream direction of transmission.

all information at an ISU 100 is generated by a single CXMU 56. so the

symbols modulated on each multicarrier are automatically phase aligned.

However. upstream symbol alignment at a receiver of the MCC modem 82

varies due to the multi—point to point nature of the HFC distribution network

1 l and the unequal delay paths of the ISUs 100. In order to maximize

receiver efficiency at the MCC modem 82. all upstream symbols must be

aligned within a narrow phase margin. This is done by utilizing an adjustable

delay parameter in each ISU 100 such that the symbol periods of all channels

rcceived upstream from the different ISUs 100 are aligned at the point they

reach the HDT 12. This is part of the upstream synchronization process and

shall be described further below. In addition. to maintain orthogonality of the

multicarriers. the carrier frequencies used for the upstream transmission by the

ISUs I00 must be frequency locked to the HDT 12.

Incoming downstream information from the CXMC 80 to the MCC

modem 82 is frame aligned to the 2 kHz and 8 kHz clocks provided to the

MCC modem 82. The 2 kHz multi-frame signal is used by the MCC modem

82 to convey downstream symbol timing to the ISUS as described in further

detail below. This multiframe clock conveys the channel correspondence and

indicates the multi-carrier frame structure so that the telephony data may be

correctly reassembled at the ISU 100. Two kHz represents the greatest

common factor between 10 kHz (the modem symbol rate) and 8 kHz (the data

frame rate).
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All ISUS l00 will use the synchronization information inserted by the

associated MCC modem 82 to recover all downstream timing required by the

ISUs 100. This synchronization allows the ISUS 100 to demodulate the

downstream information and modulate the upstream transmission in such a

way that all ISU 100 transmissions received at the HDT 12 are synchronized

to the same reference. Thus. the carrier frequencies used for all ISU 100

upstream transmission will be frequency locked to the HDT 12.

The symbol alignment is performed over synchronization channels in

the downstream and upstream 6 MHZ bandwidths under the responsibility of

the MCC modem 82. in addition to providing path delay adjustment.

initialization and activation. and provisioning over such synchronization

channels until initialization and activation is complete as further described

herein. These parameters are then tracked by use of the IOC channels.

Because of their importance in the system. the IOC channel and

synchronization channels may use a different modulation scheme for transport

of control data between the MCC modem 82 and lSUs l00 which is more

robust or of lesser order (less bits/sec/Hz or bits/symbol) than used for

transport of telephony data. For example. the telephony data may be

modulated using quadrature amplitude modulation. while the IOC channel and

synchronization channel may be modulated utilizing BPSK modulation

techniques.

The MCC modem 82 also demodulates telephony and control data

modulated on multicarriers by the ISUS 100. Such demodulation is described

further below with respect to the various embodiments of the telephony

transport system.

Functions with respect to the OFDM transport system for which the

MCC modem 82 is responsible. include at least the following. which are

further described with respect to the various embodiments in further detail.

The MCC modem 82 detects a received amplitude/level of a synchronization

pulse/pattern from an ISU 100 within a synchronization channel and passes an

indication of this level to the CXMC 80 over the communication interface

therebetween. The CXMC 80 then provides a command to the MCC modem
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82 for transmission to the ISU 100 being leveled for adjustment of the

amplitude level thereof. The MCC modem 82 also provides for symbol

alignment of all the upstream multicarriers by correlating an upstream pattern

modulated on a synchronization channel with respect to a known symbol

boundary and passing a required symbol delay correction to the CXMC 80

over the communication interface therebetween. The CXMC 80 then transmits

via the MCC modem 82 a message downstream to the ISU |0O to adjust the

symbol delay of the ISU 100.

Likewise. with regard to synchronizing an ISU 100 for overall path

delay adjustment. the MCC modem 82 correlates an upstream multiframe

pattern modulated in the proper bandwidth by the ISU I00 on the IOC

channel with respect to a known reference boundary. and passes a required

path delay correction to the CXMC 80 over the modem interface

therebetween. The CXMC 80 then transmits via the MCC modem 82 over the

IOC channel a message downstream to adjust the overall path delay of an ISU

100.

Summarv of Bidirectional Multi-Point to Point Telephony Transport

The following summarizes the transport of telephony and control

information over the HFC distribution network 11. Each CXMU 56 of HDT

12 is provisioned with respect to its specific upstream and downstream

operating frequencies. The bandwidth of both upstream and downstream

transmission by the CXMU 56 are a maximum of 6 MHZ, with the

downstream transmission in a 6 MHZ band of the RF spectrum of about 725-

800 MHZ.

In the downstream direction. each MCC modem 82 of the CXMU 56

provides electrical telephony and control data signals to the downstream

telephony transmitter l4 via coaxial line 22 in its provisional 6 MHZ

bandwidth. The RF electrical telephony and control data signals from the

MCC modems 82 of the HDT 12 are combined into a composite signal. The

downstream telephony transmitter then passes the combined electrical signal to

redundant electrical-to-optical converters for modulation onto a pair of
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protected downstream optical feeder lines 24.

The downstream optical feeder lines 24 carry the telephony

information and control data to an ODN 18. At the ODN 18. the optical

signal is converted back to electrical and combined with the downstream video

information (from the video head—end feeder line 42) into an electrical

downstream RF output signal. The electrical RF output signal including the

telephony information and control data is then fed to the four coaxial

distribution legs 30 by ODN 18. All telephony information and control data

downstream is broadcast on each coaxial leg 30 and carried over the coaxial

portion of the HFC distribution network ll. The electrical downstream output

RF signal is tapped from the coax and terminated on the receiver modem 10]

of an ISU 100 through diplex filter 104. shown in Figure 6.

The RF electrical output signals include telephony information and

control data modulated on orthogonal multicarriers by MCC modem 82

utilizing orthogonal frequency division multiplexing techniques; the telephony

information and control data being mapped into symbol data and the symbols

being modulated on a plurality of orthogonal carriers using fast fourier

transform techniques. As the symbols are all modulated on carriers at a single

point to be transmitted to multiple points in the system 1 l. orthogonality of

the multicarriers and symbol alignment of the symbols modulated on the

orthogonal multicarriers are automatically aligned for transport over the H F(‘

distribution network 11 and the telephony information and control data is

demodulated at the ISUS 100 by the modem 101.

The ISU 100 receives the RF signal tapped from the coax of the

coaxial portion of the HFC network 11. The RF modem l0l of the ISU l()()

demodulates the signal and passes the telephony information and control data

extracted to the CXSU controller 102 for provision to channel units 103 as

appropriate. The ISU 100 represents the interface where the telephony

information is converted for use by a subscriber or customer.

The CXMUS 56 of the HDT 12 and the lSUs 100 implement the

bidirectional multi—point to point telephony transport system of the

communication system 10. The CXMUS 56 and the ISUS. therefore. carry out
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the modem functionality. The transport system in accordance with the present

invention may utilize three different modems to implement the modem

functionality for the transport system. The first modem is the MCC modem

82 which is located in each CXMU 56 of the HDT 12. The HDT 12. for

example. includes three active MCC modems 82 (Figure 3) and is capable of

supporting many ISUs 100. representing a multi-point to point transport

network. The MCC modem 82 coordinates telephony information transport as

well as control data transport for controlling the lSUs 100 by the HDT 12.

For example. the control data may include call processing messages. dynamic

allocation and assignment messages. ISU synchronization control messages.

ISU modem control messages. channel unit provisioning. and any other ISU

operation. administration. maintenance and provisioning (OAM&P)

information.

The second modem is a single family subscriber or HISU modem

optimized to support a single dwelling residential unit. Therefore. it must be

low in cost and low in power consumption. The third modem is the multiple

subscriber or MISU modem. which is required to generally support both

residential and business services.

The HISU modem and the MISU modem may take several forms. For

example. the HISU modem and the MISU modern may. as described further

in detail below with regard to the various embodiments of the present

invention. extract only a small portion of the multicarriers transmitted from

the HDT 12 or a larger portion of the multicarriers transmitted from the HDT

12. For example. the HISU may extract 20 multicarriers or 10 payload

channels of telephony information transported from the HDT 12 and the

MISU may extract information from 260 multicarriers or 130 payload

channels transported from the HDT 12. Each of these modems may use a

separate receiver portion for extracting the control data from the signal

transported by the HDT 12 and an additional receiver portion of the HISU

modem to extract the telephony information modulated on the multicarriers

transported from the HDT 12. This shall be referred to hereinafter as an out

of band ISU modem. The MCC modem 82 for use with an out of band ISU
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modem may modulate control information within the orthogonal carrier

waveform or on carriers somewhat offset from such orthogonal carriers. In

contrast to the out of band ISU modem. the HISU and MISU modems may

utilize a single receiver for the ISU modem and extract both the telephony

information and control data utilizing the single receiver of the modem. This

shall be referred to hereinafter as an in—band ISU modem. In such a case. the

control data is modulated on carriers within the orthogonal carrier waveform

but may utilize different carrier modulation techniques. For example, BPSK

for modulation of control data on the carriers as opposed to modulation of

telephony data on payload carriers by QAM techniques. In addition. different

modulation techniques may be used for upstream or downstream transmission

for both control data and telephony data. For example. downstream telephony

data may be modulated on the carriers utilizing 256 QAM and upstream

telephony data may be modulated on the carriers utilizing 32 QAM.

Whatever modulation technique is utilized for transmission dictates what

demodulation approach would be used at the receiving end of the transport

system. Demodulation of the downstream telephony information and control

data transported by the HDT I2 shall be explained in further detail below with

reference to block diagrams of different modem embodiments.

In the upstream direction. each ISU modem 101 at an ISU 100

transmits upstream on at least one orthogonal multicarrier in a 6 MHZ

bandwidth in the RF spectrum of about 5 to 40 MHz: the upstream 6 IVIHZ

band corresponding to the downstream 6 MHZ band in which transmissions

are received. The upstream electrical telephony and control data signals are

transported by the ISU modems lOl to the respectively connected optical

distribution node 18 as shown in Figure 1 via the individual coaxial cable legs

30. At the ODN 18. the upstream signals from the various ISUS are combined

and transmitted optically to the HDT 12 via optical feeder lines 26. As

previously discussed. the upstream electrical signals from the various ISUs

may. in part. be frequency shifted prior to being combined into a composite

upstream optical signal. In such a case. the telephony receiver 16 would

include corresponding downshifting circuitry.
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Due to the multi-point to point nature of transport over the HFC

distribution network 11 from multiple ISUS 100 to a single HDT 12. in order

to utilize orthogonal frequency division multiplexing techniques. symbols

modulated on each carrier by the lSUs 100 must be aligned within a certain

phase margin. ln addition. as discussed in further detail below. the round trip

path delay from the network interface 62 of the HDT 12 to all lSUs 100 and

back from the ISUs 100 to the network interface 62 in the communication

system l0 must be equal. This is required so that signaling multiframe

integrity is preserved throughout the system. In addition. a signal of proper

amplitude must be received at the HDT 12 to perform any control functions

with respect to the ISU 100. Likewise. with regard to OFDM transport from

the lSUs 100. the lSUs lO0 must be frequency locked to the HDT 12 such

that the multicarriers transported over the l-IFC distribution network 11 are

orthogonally aligned. The transport system implements a distributed loop

technique for implementing this multi-point to point transport utilizing

orthogonal frequency division multiplexing as further described below. When

the HDT 12 receives the plurality of multicarriers which are orthogonally

aligned and which have telephony and control data modulated thereon with

symbols aligned. the MCC modems 82 of the CXMUS 56 demodulate the

telephony information and control data from the plurality of multicarriers in

their corresponding 6 MHz bandwidth and provide such telephony data to the

CTSU S4 for delivery to the network interface 62 and the control data to the

CXMC 80 for control of the telephony transport.

As one skilled in the art will recognize. the spectrum allocations.

frequency assignments. data rates. channel numbers. types of services provided

and any other parameters or characteristics of the system which may be a

choice of design are to be taken as examples only. The invention as described

in the accompanying claims contemplates such design choices and they

therefore fall within the scope of such claims. In addition. many functions

may be implemented by software or hardware and either implementation is

contemplated in accordance with the scope of the claims even though

reference may only be made to implementation by one or the other.
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First Embodiment of Telephony Transport System

The first embodiment of the telephony transport system in accordance

with the present invention shall be described with particular reference to

Figures 9-23 which include block diagrams of MCC modems 82. and HISU

modems and MISU modems shown generally as ISU modem 101 in Figure 6.

Such modems implement the upstream and downstream modem transport

functionality. Following this description is a discussion on the theory of

operation utilizing such modems.

Referring to Figure 9A. the spectrum allocation for one 6 MHz band

for upstream and downstream transport of telephony information and control

data utilizing OFDM techniques is shown. The waveform preferably has 240

payload channels or DSO+ channels which include 480 carriers or tones for

accommodating a net data rate of 19.2 Mbps. 24 lOC channels including 46

carriers or tones. and 2 synchronization channels. Each synchronization

channel includes two carriers or tones and is each offset from 24 lOC

channels and 240 payload channels by 10 unused carriers or tones. utilized as

guard tones. The total carriers or tones is 552. The synchronization tones

utilized for synchronization functions as described further below are located at

the ends of the 6 MHz spectrum and the plurality of orthogonal carriers in the

6 MHz band are separated from carriers of adjacent 6 MHz hands by guard

bands (516.0 kHz) at each end of the 6 MHZ spectrum. The guard bands are

provided at each end of the 6 MHZ band to allow for filter selectivity at the

transmitter and receivers of the system. The synchronization carriers are

offset from the telephony data or payload carriers such that if the

synchronization carrier utilized for synchronization during initialization and

activation is not orthogonal with the other tones or carriers within the 6 MHZ

band. the synchronization signal is prevented from destroying the structure of

the orthogonally aligned waveform. The synchronization tones are. therefore.

outside of the main body of payload carriers of the band and interspersed IOC

channels. although the synchronization channel could be considered a special

IOC channel.

To minimize the power requirement of the lSUs. the amount of
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bandwidth that an ISU processes is minimized. As such. the telephony

payload channels and IOC channels of the 6 MHz band are interspersed in the

telephony payload channels with an IOC channel located every 10 payload

channels. With such a distributed technique, wherein subbands of payload

channels greater than 10 include an IOC channel. the amount of bandwidth

an ISU "sees“ can be limited such that an IOC channel is available for the

HDT 12 to communicate with the ISU 100. Such subband distribution for the

spectral allocation shown in Figure 9A is shown in Figure 9D. There are 24

subbands in the 6 MHZ bandwidth with each subband including 10 payload

channels with an IOC channel between the 5th and 6th payload channels. A

benefit of distributing the IOC channels throughout the 6 MHZ band is

protection from narrow band ingress. lf ingress destroys an IOC channel.

there are other IOC channels available and the HDT 12 can re-tune an lSU

100 to a different portion of the 6 MHz band. where an IOC channel that is

not corrupted is located.

Preferably. the MISU 66 sees approximately 3 MHZ of the 6 MHz

bandwidth to receive up to I30 payload channels which bandwidth also

includes numerous IOC channels for communication from the HDT 12 to the

MISU 66. The HISU 68 sees about l00 kHz of the 6 MHz bandwidth to

receive 11 channels including at least one IOC channel for communication

with the l-IDT 12.

The primary difference between the downstream and upstream paths

are the support of downstream synchronization and upstream synchronization.

In the downstream direction. all ISUs lock to infonnation from the HDT

(point to multi—point). The initialization and activation of ISUS are based on

signals supplied in the upstream synchronization channel. During operation.

ISUs track the synchronization via the IOC channels. In the upstream. the

upstream synchronization process involves the distributed (multi-point to

point) control of amplitude. frequency, and timing; although frequency control

can also be provided utilizing only the downstream synchronization channel as

described further below. The process of upstream synchronization occurs in

one of the two upstream synchronization channels. the primary or the
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Referring to Figure 10. the downstream transmission architecture of the

MCC modem 82 is shown. Two serial data inputs, approximately 10 Mbps

each. comprise the payload data from the CXMC 56 which is clocked by the 8

kHz frame clock input. The IOC control data input from the CXMC 56 is

clocked by the IOC clock input. which is preferably a 2.0 kHz clock. The

telephony payload data and the IOC control data enter through serial ports 132

and the data is scrambled as known to one skilled in the art by scrambler 134

to provide randomness in the waveform to be transmitted over the HFC

distribution network 1]. Without scrambling. very high peaks in the

waveform may occur; however. if the waveform is scrambled the symbols

generated b_v the MCC modem 82 become sufficiently random and such peaks

are sufficiently limited.

The scrambled signals are applied to a symbol mapping function 136.

The symbol mapping function 136 takes the input bits and maps them into a

complex constellation point. For example. if the input bits are mapped into a

symbol for output of a BPSK signal. every bit would be mapped to a single

symbol in the constellation as in the mapping diagram for BPSK of Figure

9C. Such mapping results in inphase and quadrature values (I/Q values) for

the data. BPSK is the modulation technique preferably used for the upstream

and downstream IOC channels and the synchronization channels. BPSK

encoding is preferred for the IOC control data so as to provide robustness in

the system as previously discussed. For QPSK modulation. every two bits

would map into one of four complex values that represent a constellation

point. In the preferred embodiment. 32 QAM is utilized for telephony

payload data. wherein every five bits of payload data is mapped into one of

32 constellation points as shown in Figure 9B. Such mapping also results in

I/Q values. As such. one DSO+ signal (10 bits) is represented by two symbols

and the two symbols are transmitted using two carriers. Thus. one DSO+

channel is transported over two carriers or tones of 6 MHZ spectrum.

One skilled in the an will recognize that various mapping or encoding

techniques may be utilized with different carriers. For example. telephony
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channels carrying ISDN may be encoded using QPSK as opposed to telephony

channels carrying POTS data being encoded using 32 QAM. Therefore.

different telephony channels carrying different services may be modulated

differently to provide for more robust telephony channels for those services

that require such quality. The architecture in accordance with the present

invention provides the flexibility to encode and modulate any of the channels

differently from the modulation technique used for a different channel.

Each symbol that gets represented by the I/Q values is mapped into a

fast fourier transform (FFT) bin of symbol buffer 138. For example. for a

DSO+. running at 8 kHz frame rate. five bits are mapped into one FFT bin

and five bits into another bin. Each bin or memory location of the symbol

buffer 138 represents the payload data and control data in the frequency

domain as I/Q values. One set of FFT bins gets mapped into the time domain

through the inverse FFT 140. as is known to one skilled in the art. The

inverse FFT 140 maps the complex I/Q values into time domain samples

corresponding to the number of points in the FFT. Both the payload data and

IOC data are mapped into the buffer 138 and transformed into time domain

samples by the inverse FFT 140. The number of points in the FFT 140 may

vary. but in the preferred embodiment the number of points is 256. The

output of the inverse FFT 140. for a 256 point FFT. is 256 time domain

samples of the waveform.

The inverse FFT 140 has separate serial outputs for inphase and

quadrature (l/Q) components. FFTI and FFTO. Digital to analog converters

142 take the inphase and quadrature components. which is a numeric

representation of baseband modulated signal and convert it to a discrete

waveform. The signal then passes through reconstruction filters M4 to

remove harmonic content. This reconstruction is needed to avoid problems

arising from multiple mixing schemes and other filtering problems. The

signal is summed in a signal conversion transmitter 146 for up-converting the

l/Q components utilizing a synthesized waveform that is digitally tunable with

the inphase and quadrature components for mixing to the applicable transmit

frequency. For example. if the synthesizer is at 600 MHZ. the output
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frequency will be at 600 MHz. The components are summed by the signal

conversion transmitter 146 and the waveform including a plurality of

orthogonal carriers is then amplified by transmitter amplifier 148 and filtered

by transmitter filter 150 before being coupled onto the optical fiber by way of

telephony transmitter 14. Such functions are performed under control of

general purpose processor 149 and other processing circuitry of block 147

necessary to perform such modulation. The general purpose processor also

receives ISU adjustment parameters from carrier. amplitude. timing recovery

block 222 (Figure 15) for carrying out distributed loop symbol alignment.

frequency locking. amplitude adjustment. and path delay functions as

described further below.

At the downstream receiving end. either an MISU or an HISU provides

for extracting telephony information and control data from the downstream

transmission in one of the 6 MHz bandwidths. With respect to the MISU 66.

the MISU downstream receiver architecture is shown in Figure ll. It includes

a 100 MHZ bandpass filter l52 to reduce the frequency band of the received

600 to 850 MHz total band broadcast downstream. The filtered signal then

passes through voltage tuned filters 154 to remove out of band interference

and further reduce the bandwidth. The signal is down converted to baseband

frequency via quadrature and inphase down convenor 158 where the signal is

mixed at complex mixers 156 utilizing synthesizer 157 which is controlled

from an output of serial ports 178. The down converted I/Q components are

passed through filters 159 and converted to digital format at analog to digital

convertors 160. The time domain samples of the I/Q components are placed

in a sample buffer 162 and a set of samples are input to down convertor

compensation unit 164. The compensation unit 164 attempts to mitigate errors

such as DC offsets from the mixers and differential phase delays that occur in

the down conversion.

Carrier, amplitude and timing signaling are extracted from the

compensated signal. by the carrier. amplitude. and timing recovery block 166

by extracting control data from the synchronization channels during

initialization and activation of the ISU and the IOC channels during tracking
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as further described below with reference to Figure 22A. The compensated

signal in parallel form is provided to fast fourier transform (FFT) 170 to be

converted into a vector of frequency domain elements which are essentially

the complex constellation points with l/Q components originally created

upstream at the MCC modem 82 for the DSO+ channels which the MISU sees.

Due to inaccuracies in channel filtering. an equalizer 172 removes dynamic

errors that occur during transmission and reception. Equalization in the

upstream receiver and the downstream receiver architectures shall be explained

in further detail below with reference to Figure 23. From the equalizer 172.

the complex constellation points are converted to bits by symbol to bit

convertor l74. descrambled at descrambler 176 which is a mirror element of

scrambler I34. and the payload telephony information and IOC control data

are output by the serial ports 178 to the CXSU 102 as shown in Figure 6.

Block 153 includes the processing capabilities for carrying out the various

functions as shown therein.

Referring to Figure 12. the HISU 68 downstream receiver architecture

is shown. The primary difference between the HISU downstream receiver

architecture (Figure 12) and the MISU downstream receiver architecture

(Figure l l} is the amount of bandwidth being processed. The front ends of

the receivers up to the FFT processing are substantially the same. except

during the down conversion. the analog to digital converters 160 can be

operated at a much slower rate. For instance. if the bandwidth of the signal

being processed is 100 kHz. the sample rate can be approximately 200 kHz.

In an MISU processing a 3 MHz signal. the sample rate is about 6 MHz.

Since the HISU is limited to receiving a maximum of 10 DSO+s. the FFT 180

can be of a smaller size. A 32 point FFT l80 is preferably used in the HISU

and can be implemented more efficiently. compared to a 128 or 256 point

FFT utilized in the MISU. Therefore. the major difference between these

architectures is that the HISU receiver architecture requires substantially less

signal processing capability than the MISU receiver and as such has less

power consumption. Thus. to provide a system wherein power consumption at

the remote units is minimized. the smaller band of frequencies seen by the



Page 702 of 1037

WO 96124995 PCTfUS96/01606

45

HISU allows for such low consumption. One reason the I-IISU is allowed to

see such a small band of carriers is that the IOC channels are interspersed

throughout the 6 MHZ spectrum.

Referring to Figure 13, the upstream transmission architecture for the

HISU 68 is shown. The IOC control data and the telephony payload data

from the CXSU 102 (Figure 6) is provided to serial ports 182 at a much

slower rate in the HISU than in the MISU or HDT transmission architectures.

because the HISU supports only 10 DSO+ channels. The HISU upstream

transmission architecture implements three important operations. It adjusts the

amplitude of the signal transmitted. the timing delay (both symbol and path

delay) of the signal transmitted. and the carrier frequency of the signal

transmitted. The telephony data and IOC control data enters through the serial

ports 182 under control of clocking signals generated by the clock generator

173 of the HISU downstream receiver architecture. and is scrambled by

scrambler 184 for the reasons stated above with regard to the MCC

downstream transmission architecture. The incoming bits are mapped into

symbols. or complex constellation points. including I/Q components in the

frequency domain. by bits to symbol converter 186. The constellation points

are then placed in symbol buffer 188. Following the buffer 188. an inverse

FFT 190 is applied to the symbols to create time domain samples: 32 samples

corresponding to the 32 point FFT. A delay buffer 192 is placed on the

output of the inverse FFT 190 to provide multi-frame alignment at MCC

modem upstream receiver architecture as a function of the upstream

synchronization process controlled by the HDT 12. The delay buffer 192.

therefore. provides a path delay adjustment prior to digital to analog

conversion by the digital to analog convertcrs 194 of the inphase and

quadrature components of the output of the inverse FFT 190. Clock delay

196 provides a fine tune adjustment for the symbol alignment at the request of

IOC control data output obtained by extracting control data from the serial

stream of data prior to being scrambled. After conversion to analog

components by digital to analog convertors 194. the analog components

therefrom are reconstructed into a smooth analog waveform by the
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reconstruction filters 198. The upstream signal is then directly up converted

by direct convertor l97 to the appropriate transmit frequency under control of

synthesizer block 195. Synthesizer block 195 is operated under control of

commands from an IOC control channel which provides carrier frequency

adjustment commands thereto as extracted in the HISU downstream receiver

architecture. The up converted signal is then amplified by transmitter

amplifier 200, filtered by transmitter filter 202 and transmitted upstream to be

combined with other signals transmitted by other ISUS 100. The block 181

includes processing circuitry for carrying out the functions thereof.

Referring to Figure 14. the upstream transmitter architecture for the

MISU 66 is shown and is substantially the same as the upstream transmitter

architecture of HISU 68. However. the MISU 66 handles more channels and

cannot perform the operation on a single processor as can the HISU 68.

Therefore. both a processor of block 181 providing the functions of block l8l

including the inverse FFT l9l and a general purpose processor 206 to support

the architecture are needed to handle the increased channel capacity.

Referring to Figure 15. the MCC upstream receiver architecture of

each CXMU 56 at the HDT 12 is shown. A 5 to 40 MHZ band pass filter 208

filters the upstream signal which is then subjected to a direct down conversion

to baseband by mixer and synthesizer circuitry 211. The outputs of the down

conversion is applied to anti—alias filters 210 for conditioning thereof and the

output signal is converted to digital format by analog to digital converters 212

to provide a time domain sampling of the inphase and quadrature components

of the signal to narrow band ingress filter and FFT 112. The narrow band

ingress filter and FFT 112. as described below. provides protection against

narrow band interference that may affect the upstream transmission.

The ingress filter and FFT 1 l2 protects ten channels at a time.

therefore. if ingress affects one of the available 240 DSO+s in the 6 MHZ

spectrum received by MCC modem 82, a maximum of ten channels will be

destroyed from the ingress. The ingress filter and FFT ll2 includes a

polyphase structure. as will be recognized by one skilled in the art as a

common filter technique. It will be further recognized by one skilled in the art



Page 704 of 1037

WO 96124995 PCT/US96I0 1606

47

that the number of channels protected by the polyphase filter can be varied.

The output of the ingress filter and FFT 112 is coupled to an equalizer 214

which provides correction for inaccuracies that occur in the channel. such as

those due to noise from reference oscillators or synthesizers. The output

symbols of the equalizer 214. are applied to a symbols to bits converter 216

where the symbols are mapped into bits. The bits are provided to

descramblers 218. which are a mirror of the scramblers of the [SUs 100 and

the output of the descramblers are provided to serial ports 220. The output of

the serial ports is broken into two payload streams and one IOC control data

stream just as is provided to the MCC downstream transmitter architecture in

the downstream direction. Block 217 includes the necessary processing

circuitry for carrying out the functions therein.

In order to detect the downstream information. the amplitude.

frequency. and timing of the arriving signal must be acquired using the

downstream synchronization process. Since the downstream signal constitutes

a point to multi-point node topology. the OFDM waveform arrives via a single

path in an inherently synchronous manner. in contrast to the upstream signal.

Acquisition of the waveform parameters is initially performed on the

downstream synchronization channels in the downstream synchronization

bands located at the ends of ‘the 6 MHZ spectrum. These synchronization

bands include a single synchronization carrier or tone which is BPSK

modulated by a 2 kHz framing clock. This tone is used to derive initial

amplitude. frequency. and timing at the ISU. The synchronization carrier may

be located in the center of the receive band and could be considered a special

case of an IOC. After the signal is received and the receiver architecture is

tuned to a typical IOC channel. the same circuitry is used to track the

synchronization parameters using the IOC channel.

The process used to acquire the necessary signal parameters utilizes

carrier. amplitude and timing recovery block 166 of the ISU receiver

architecture. which is shown in more detail in block diagram form in Figure

22A. The carrier. amplitude and timing recovery block 166 includes a Costas

loop 330 which is used to acquire the frequency lock for the received
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waveform. After the signal is received from the compensation unit 164. a

sample and hold 334 and analog to digital conversion 332 is applied to the

signal with the resulting samples from the convertors 332 applied to the

Costas loop 330. The sampling is performed under control of voltage

controlled oscillator 340 as divided by divider 333 which divides by the

number of points of the FFT utilized in the receiver architecture. M. The

mixers 331 of the Costas loop 330 are fed by the arriving signal and the

feedback path. and serve as the loop phase detectors. The output of the

mixers 331 are filtered and decimated to reduce the processing requirements

of subsequent hardware. Given that the received signal is band—limited. less

samples are required to represent the synchronization signal. If orthogonality

is not preserved in the receiver. the filter will eliminate undesired signal

components from the recovery process. Under conditions of orthogonality. the

LPF 337 will completely remove effects from adjacent OFDM carriers. When

carrier frequency lock is achieved. the process will reveal the desired BPSK

waveform in the inphase arm of the loop. The output of the decimators are

fed through another mixer. then processed through the loop filter with filter

function I-I(s) and numerically controlled oscillator (NCO). completing the

feedback path to correct for frequency error. When the error is at a "small"

level. the loop is locked. In order to achieve fast acquisition and minimal

jitter during tracking. it will be necessary to employ dual loop bandwidths.

System operation will require that frequency lock is achieved and maintained

within about +/- 4% of the OFDM channel spacing (360 Hz).

The amplitude of the signal is measured at the output of the frequency

recovery loop at BPSK power detector 336. The total signal power will be

measured. and can be used to adjust a numerically controllable analog gain

circuit (not shown). The gain circuit is intended to normalize the signal so

that the analog to digital convertors are used in an optimal operating region.

Timing recovery is performed using an early-late gate type algorithm

of early-late gate phase detector 338 to derive timing error. and by adjusting

the sample clock or oscillator 340 in response to the error signal. The early-

late gate detector results in an advance/retard command during an update
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interval. This command will be applied to the sample clock or oscillator 340

through filter 341. This loop is held off until frequency lock and amplitude

lock have been achieved. When the timing loop is locked, it generates a lock

indicator signal. The same clocks are also used for the upstream transmission.

The carrier. timing and amplitude recovery block 166 provides a reference for

the clock generator 168. The clock generator 168 provides all of the clocks

needed by the MISU. for example. the 8 kHz frame clock and the sample

clock.

Carrier. amplitude, and timing recovery block 222 of the MCC modem

upstream receiver architecture (Figure 15). is shown by the synchronization

loop diagram of Figure 22B. It performs detection for upstream

synchronization on signals on the upstream synchronization channel. For

initialization and activation of an ISU. upstream synchronization is performed

by the HDT commanding one of the lSUs via the downstream IOC control

channels to send a reference signal upstream on a synchronization channel.

The carrier. amplitude. and timing recovery block 222 measures the

parameters of data from the ISU 100 that responds on the synchronization

channel and estimates the frequency error. the amplitude error. and the timing

error compared to references at the HDT 12. The output of the carrier.

amplitude. and timing recovery block 222 is turned into adjustment commands

by the HDT 12 and sent to the ISU being initialized and activated in the

downstream direction on an IOC control channel by the MCC downstream

transmitter architecture.

The purpose of the upstream synchronization process is to initialize

and activate lSUs such that the waveform from distinct ISUs combine to a

unified waveform at the HDT 12. The parameters that are estimated at the

HDT 12 by carrier. amplitude. and timing recovery block 222 and adjusted by

the ISUs are amplitude. timing. and frequency. The amplitude of an lSUs

signal is normalized so that DSO-rs are apportioned an equal amount of power.

and achieves a desired signal to noise ratio at the HDT 12. In addition.

adjacent ISUs must be received at the correct relative level or else weaker

DSO+ channels will be adversely impacted by the transient behavior of the
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stronger DSO+ channels. If a payload channel is transmitted adjacent to

another payload channel with sufficient frequency error. orthogonality in the

OFDM waveform deteriorates and error rate performance is compromised.

Therefore. the frequency of the ISU must be adjusted to close tolerances.

Timing of the recovered signal also impacts orthogonality. A symbol which is

not aligned in time with adjacent symbols can produce transitions within the

part of the symbol that is subjected to the FFT process. If the transitions of

all symbols don”t fall within the guard interval at the HDT, approximately +/-

16 tones (8 DSO+s) relative to the non-orthogonal channel will be

unrecoverable.

During upstream synchronization. the ISUS will be commanded to send

a signal. for example a square wave signal. to establish amplitude and

frequency accuracy and to align symbols. The pattern signal may be any

signal which allows for detection of the parameters by carrier. amplitude and

timing recovery block 222 and such signal may be different for detecting

different parameters. For example. the signal may be a continuous sinusoid

for amplitude and frequency detection and correction and a square wave for

symbol timing, The carrier. amplitude and timing recovery block 222

estimates the three distributed loop parameters. In all three loops. the resulting

error signal will be converted to a command by the CXMC 80 and sent via

the MCC modem 82 over an IOC channel and the CXSU will receive the

command and control the adjustment made by the ISU.

As shown in Figure 22B. the upstream synchronization from the ISU is

sampled and held 434 and analog to digital converted 432 under control of

voltage controlled oscillator 440. Voltage controlled oscillator is a local

reference oscillator which is divided by M. the points of the FFT in the

receiver architecture. for control of sample and hold 434 and analog to digital

convertor 432 and divided by k to apply an 8 kHz signal to phase detector

438.

Frequency error may be estimated utilizing the Costas loop 430. The

Costas loop 430 attempts to establish phase lock with the locally generated

frequency reference. After some period of time. loop adaptation will be
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disabled and phase difference with respect to the time will be used to estimate

the frequency error. The frequency error is generated by filter function 11(5)

444 and provided to the CXMC 82 for processing to send a frequency

adjustment command to the ISU via an IOC control channel. The frequency

error is also applied to the numerically controlled oscillator (NCO) to

complete the frequency loop to correct for frequency error.

The amplitude error is computed based on the magnitude of the carrier

during the upstream synchronization by detecting the carrier amplitude of the

inphase arm of the Costas loop 430 by power detector 436. The amplitude is

compared with a desired reference value at reference comparator 443 and the

error will be sent to the CXMC 82 for processing to send an amplitude

adjustment command to the ISU via an IOC control channel.

When the local reference in the HDT has achieved phase lock. the

BPSK signal on the synchronization channel arriving from the ISU is available

for processing. The square wave is obtained on the inphase arm of the Costas

loop 430 and applied to early—late gate phase detector 438 for comparison to

the locally generated 8 kHz signal from divider 435. The phase detector 435

generates a phase or symbol timing error applied to loop filter 441 and output

via line 439. The phase or symbol timing error is then provided to the

CXMC 82 for processing to send a symbol timing adjustment command to the

ISU via an IOC control channel.

The mechanisms in the ISU which adjust the parameters for upstream

synchronization include implementing an amplitude change with a scalar

multiplication of the time domain waveform as it is being collected from the

digital processing algorithm. such as inverse FFT 190. by the digital to analog

convertors 194 (Figure 13). Similarly. a complex mixing signal could be

created and implemented as a complex multiply applied to the input to the

digital to analog convertors 194,

Frequency accuracy of both the downstream sample clock and

upstream sample clock. in the ISU. is established by phase locking an

oscillator to the downstream synchronization and IOC information. Upstream

transmission frequency is adjusted. for example. at synthesizer block 195 as
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Symbol timing corrections are implemented as a delay function.

Symbol timing aligmnent in the ISU upstream direction is therefore

established as a delay in the sample timing accomplished by either blanking a

sample interval (two of the same samples to go out simultaneously) or by

putting in an extra clock edge (one sample is clocked out and lost) via clock

delay 196 (Figure 13). In this manner. a delay function can be controlled

without data storage overhead beyond that already required.

After the ISU is initialized and activated into the system. ready for

transmission. the ISU will maintain required upstream synchronization system

parameters using the carrier. amplitude, frequency recovery block 222. An

unused but initialized and activated ISU will be commanded to transmit on an

10C and the block 222 will estimate the parameters therefrom as explained

above.

In both the upstream transmitter architectures for the MISU 66 (Figure

13) and the HISU 68 (Figure 14). frequency offset or correction to achieve

orthogonality of the carriers at HDT 12 can be determined on the ISU as

opposed to the frequency offset being determined at the HDT during

synchronization by carrier. amplitude and timing recovery block 222 (Figure

15) and then frequency offset adjustment commands being transmitted to the

ISL’ for adjustment of carrier frequency via the synthesizer blocks 195 and

199 of the HISU 68 and MISU 66. respectively. Thus. frequency error would

no longer be detected by carrier. amplitude and timing recovery block 22 as

described above. Rather, in such a direct ISU implementation. the ISU.

whether an HISU 68 or MISU 66. estimates a frequency error digitally from

the downstream signal and a correction is applied to the upstream data being

transmitted.

The HDT 12 derives all transmit and receive frequencies from the

same fundamental oscillator. Therefore. all mixing signals are frequency

locked in the HDT. Similarly, the ISU. whether an HISU 68 or MISU 66,

derives all transmit and receive frequencies from the same fundamental

oscillator; therefore. all the mixing signals on the ISU are also frequency
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locked. There is, however. a frequency offset present in the ISU oscillators

relative to the HDT oscillators. The amount of frequency error (viewed from

the ISU) will be a fixed percentage of the mixing frequency. For example. if

the ISU oscillator is IOPPM off in frequency from the HDT oscillators. and

the downstream ISU receiver mix frequency was 100 MHz and the ISU

upstream transmit mixing frequency were 10 MHz, the ISU would have to

correct for 1 kHz on the downstream receiver and create a signal with a 100

Hz offset on the upstream transmitter. As such, with the ISU direct

implementation. the frequency offset is estimated from the downstream signal.

The estimation is performed with digital circuitry performing numeric

calculations. i.e. a processor. Samples of the synchronization channel or IOC

channel are collected in hardware during operation of the system. A tracking

loop drives a digital numeric oscillator which is digitally mixed against the

received signal. This process derives a signal internally that is essentially

locked to the HDT. The internal numerical mix accounts for the frequency

offset. During the process of locking to the downstream signal in the ISU, the

estimate of frequency error is derived and with the downstream frequency

being known. a fractional frequency error can be computed. Based on the

knowledge of the mixing frequency at the HDT that will be used to down

convert the upstream receive signal. an offset to the ISU transmit frequency is

computed. This frequency offset is digitally applied to the ISU transmitted

signal prior to converting the signal to the analog domain, such as by

convertors 194 of Figure 13. Therefore. the frequency correction can be

performed directly on the ISU.

Referring to Figures 20 and 21. the narrow band ingress filter and FFT

112 of the MCC upstream receiver architecture. including a polyphase filter

structure, will be described in further detail. Generally. the polyphase filter

structure includes polyphase filters 122 and 124 and provides protection

against ingress. The 6 MHZ band of upstream OFDM carriers from the lSUs

100 is broken into subbands through the polyphase filters which provide

filtering for small groups of carriers or tones. and if an ingress affects carriers

within a group of carriers. only that group of carriers is affected and the other
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groups of carriers are protected by such filtering characteristics.

The ingress filter structure has two parallel banks 122. 124 of

polyphase filters. One bank has approximately 17 different non-overlapping

bands with channel spaces between the bands. A magnitude response of a

single polyphase filter bank is shown in Figure 18. The second bank is offset

from the first bank by an amount so that the channels that are not filtered by

the first bank are filtered by the second bank. Therefore, as shown in the

closeup magnitude response of a single polyphase filter bank in Figure 19, one

band of channels filtered may include those in frequency bins 38-68 with the

center carriers corresponding to bins 45-61 being passed by the filter. The

overlapping filter provides for filtering carriers in the spaces between the

bands and the carriers not passed by the other filter bank. For example. the

overlapping filter may pass 28-44. The two channel banks are offset by 16

frequency bins so that the combination of the two filter banks receives every

one of the 544 eharmels.

Referring to Figure 20. the ingress filter structure receives the sampled

waveform x(k) from the analog to digital convertors 212 and then complex

mixers 118 and 120 provide the stagger for application to the polyphase filters

122. 124. The mixer 118 uses a constant value and the mixer 120 uses a

value to achieve such offset. The outputs of each mixer enters one of the

polyphase filters 122. 124. The output of each polyphase filter bank

comprises 18 bands. each of which contain 16 usable FFT bins or each band

supports sixteen carriers at the 8 kHz rate. or 8 DSO+s. One band is not

utilized.

Each band output of the polyphase filters 122. 124 has 36 samples per

8 kHz frame including 4 guard samples and enters a Fast Fourier Transform

(FFT) block 126. 128. The first operation performed by the FFT blocks 126.

128 is to remove the four guard samples. thereby leaving 32 time domain

points. The output of the each FFT in the blocks is 32 frequency bins. 16 of

which are used with the other bins providing filtering. The output of the

FFTS are staggered to provide overlap. As seen in Figure 20. carriers 0 - 15

are output by FFT #1 of the top bank. carriers 16 - 31 are output by FFT #1
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of the bottom bank, carriers 32 - 48 are output by FFT #2 of the top bank and
so on.

The polyphase filters 122, 124 are each standard polyphase filter

construction as is known to one skilled in the an and each is shown by the

structure of Figure 21. The input signal is sampled at a 5.184 Mega sample

per second rate, or 648 samples -per frame. The input is then decimated by a

factor of 18 (1 of 18 samples are kept) to give an effective sample rate of 288

kHz. This signal is subjected to the finite impulse response (FIR) filters,

labeled H,,‘(,(Z) through H0‘,6(Z). which include a number of taps. preferably 5

taps per filter. As one skilled in the art will recognize the number of taps can

vary and is not intended to limit the scope of the invention. The outputs from

the filters enter an 18 point inverse FFT 130. The output of the transform is

36 samples for an 8 kHz frame including 4 guard samples and is provided to

FFT blocks 126 and 128 for processing as described above. The FFT tones are

preferably spaced at 9 kHz. and the information rate is 8 kilosymbols per

second with four guard samples per symbol allotted. The 17 bands from each

polyphase filter are applied to the FFT blocks 126. 128 for processing and

output of the 544 carriers as indicated above. One hand, the 18th band, as

indicated above. is not used.

The equalizer 214 (Figure 15) and 172 (Figure 11). in both upstream

and downstream receiver architectures. is supplied to account for changes in

group delay across the cable plant. The equalizer tracks out phase and gain or

amplitude variations due to environmental changes and can therefore adapt

slowly while maintaining sufficiently accurate tracking. The coefficients 360

of the equalizer 172. 214. for which the internal equalizer operation is

generally shown in Figure 23. represent the inverse of the channel frequency

response to the resolution of the FFT 112. 170. The downstream coefficients

will be highly correlated since every channel will progress through the same

signal path as opposed to the upstream coefficients which may be uncorrelated

due to the variant channels that individual DSO+s may encounter in the multi-

point to point topology. VVhile the channel characteristics are diverse. the

equalizer will operate the same for either upstream or downstream receiver.
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The downstream equalizer will track on only the IOC charmels, thus

reducing the computational requirements at the ISUS and removing the

requirement for a preamble in the payload channels. as described further

below. since the IOC channels are always transmitted. The upstream.

however, will require equalization on a per DSO+ and IOC channel basis.

The algorithm used to update the equalizer coefficients contains several

local minima when operating on a 32 QAM constellation and suffers from a

four-fold phase ambiguity. Furthermore, each DSO+ in the upstream can

emanate from a separate ISU, and can therefore have an independent phase

shift. To mitigate this problem, each communication onset will be required to

post a fixed symbol preamble prior to data transmission. Note that the IOC

channels are excluded from this requirement since they are not equalized and

that the preamble carmot be scrambled. It is known that at the time of

transmission. the HDT 12 will still have accurate frequency lock and symbol

timing as established during initialization and activation of the ISU and will

maintain synchronization on the continuously available downstream IOC

channel.

The introduction of the preamble requires that the equalizer have

knowledge of its process state. Three states are introduced which include:

search. acquisition. and tracking mode. Search mode is based on the amount

of power present on a channel. Transmitter algorithms will place a zero value

in unused FFT bins. resulting in no power being transmitted on that particular

frequency. At the receiver, the equalizer will determine that it is in search

mode based on the absence of power in the FFT bin.

When transmission begins for an initialized and activated ISU. the

equalizer detects the presence of signal and enters the acquisition mode. The

length of the preamble may be about 15 symbols. The equalizer will vary the

equalization process based on the preamble. The initial phase and amplitude

correction will be large but subsequent updates of the coefficients will be less

significant.

After acquisition. the equalizer will enter a tracking mode with the

update rate being reduced to a minimal level. The tracking mode will
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continue until a loss of power is detected on the charmel for a period of time.

The channel is then in the unused but initialized and activated state. The

equalizer will not train or track when the receiver is being tuned and the

coefficients will not be updated. The coefficients may be accessed and used

such as by signal to noise detector 305 (Figure 15) for channel monitoring as

discussed further below.

For the equalization process, the I/Q components are loaded into a

buffer at the output of the FFT, such as FFT 112. 180. As will be apparent to

one skilled in the art, the following description of the equalizer structure is

with regard to the upstream receiver equalizer 214 but is equally applicable to

the downstream receiver equalizer 172. The equalizer 214 extracts time

domain samples from the buffer and processes one complex sample at a time.

The processed information is then output therefrom. Figure 23 shows the

basic structure of the equalizer algorithm less the state control algorithm

which should be apparent to one skilled in the art. The primary equalization

path performs a complex multiply at multiplier 370 with the value from the

selected FFT bin. The output is then quantized at symbol quantize block 366

to the nearest symbol value from a storage table. The quantized value (hard

decision) is passed out to be decoded into bits by symbols to bits convertor

216. The remainder of the circuitry is used to update the equalizer

coefficients. An error is calculated between the quantized symbol value and

the equalized sample at summer 364. This complex error is multiplied with

the received sample at multiplier 363 and the result is scaled by the adaptation

coefficient by multiplier 362 to form an update value. The update value is

summed at summer 368 with the original coefficient to result in a new

coefficient value.

Operation of First Embodiment

In the preferred embodiment, the 6 MHZ frequency band for each

MCC modem 82 of HDT 12 is allocated as shown in Figure 9A. Although

the MCC modem 82 transmits and receives the entire 6 MHZ band. the ISU

modems 100 (Figure 6) are optimized for the specific application for which
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they are designed and may terminate/generate fewer than the total number of

carriers or tones allocated in the 6 MHZ band. The upstream and downstream

band allocations are preferably symmetric. The upstream 6 Ml-IZ bands from

the MCC modems 82 lie in the 5-40 MHZ spectrum and the downstream 6

MHZ bands lie in the 725-760 MHZ spectrum.

There are three regions in each 6 MHZ frequency band to support

specific operations. such as transport of telephony payload data, transport of

ISU system operations and control data (IOC control data). and upstream and

downstream synchronization. Each carrier or tone in the OFDM frequency

band consists of a sinusoid which is modulated in amplitude and phase to

form a complex constellation point as previously described. The fundamental

symbol rate of the OFDM waveform is 8 kHz, and there are a total of 552

tones in the 6 MHZ band. The following Table 1 summarizes the preferable

modulation type and bandwidth allocation for the various tone classifications.
Table 1

Number of

Band Tones or

Allocation Carriers Modulation Capacity Bandwidth

Synch 24 tones(2 synch BPSK n/a 216 KHZ
Band tones at each end

and 10 guard tones
at each end)

480 (240 DSO + 19.2 MBPS
channels)

48 (2 every 20 384 kbps
data channels or

24 IOC channels)

Intra-band Remainder on 1.032 MHZ

guard each end (516 kHz at
each end)

Composite 552 n/a n/a 6.0 MHZ
Signal

Guard bands are provided at each end of the spectrum to allow for

selectivity filtering after transmission and prior to reception. A total of 240
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telephony data channels are included throughout the band, which

accommodates a net data rate of 19.2 Mbps. This capacity was designed to

account for additive ingress, thereby retaining enough support to achieve

concentration of users to the central office. The IOC channels are interspersed

throughout the band to provide redundancy and communication support to

narrowband receivers located in the HISUs. The IOC data rate is 16 kbps

(two BPSK tones at the symbol rate of 8 kHz frames per second).

Effectively. an IOC is provided for every 10 payload data channels. An ISU.

such as an HISU. that can only see a single IOC channel would be forced to

retune if the IOC channel is corrupted. However, an ISU which can see

multiple IOC channels can select an alternate IOC channel in the event that

the primary choice is corrupt. such as for an MISU.

The synchronization channels are duplicated at the ends of the band for

redundancy. and are offset from the main body of usable carriers to guarantee

that the synchronization channels do not interfere with the other used

channels. The synchronization channels were previously described and will be

further described below. The synchronization channels are operated at a lower

power level than the telephony payload channels to also reduce the effect of

any interference to such channels. This power reduction also allows for a

smaller guard band to be used between the synchronization channels and the

payload telephony channels.

One synchronization or redundant synchronization channels may also

be implemented within the telephony channels as opposed to being offset

therefrom. In order to keep them from interfering with the telephony

channels. the synchronization channels may be implemented using a lower

symbol rate. For example. if the telephony channels are implemented at an 8

l-:Hz symbol rate. the synchronization channels could be implemented at a 2

kHz symbol rate and also may be at a lower power level.

The ISUs 100 are designed to receive a subband. as shown in Figure

9D, of the total aggregate 6 MHZ spectrum. As an example. the HISU 68 will

preferably detect only 22 of the available 552 channels. This implementation

is primarily a cost/power savings technique. By reducing the number of
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channels being received, the sample rate and associated processing

requirements are dramatically reduced and can be achievable with common

conversion parts on the market today.

A given HISU 68 is limited to receiving a maximum of 10 DSOs out

of the payload data channels in the HISU receiver’s frequency view. The

remaining channels will be used as a guard interval. Furthermore, in order to

reduce the power/cost requirements, synthesizing frequency steps will be

limited to 198 kHz. limiting the HISU tuning scope to 8 channel segments.

An IOC channel is provided for as shown in Figure 9D so that every HISU 68

will always see an IOC channel for control of the HISU 68 via HDT 12.

The MISU 66 is designed to receive 13 subbands, as shown in Figure

9D. or 130 of the 240 available DSOS. Again, the tuning steps will be

limited to 128 kHz to realize an efficient synthesizer implementation. These

are preferred values for the HISU 68 and MISU 66. and it will be noted by

one skilled in the art that many of the values specified herein can be varied

without changing the scope or spirit of the invention as defined by the

accompanying claims.

As known to one skilled in the art, there may be need to support

operation over charmels in a bandwidth of less than 6 MHz. With appropriate

software and hardware modifications of the system. such reconfiguration is

possible as would be apparent to one skilled in the art. For example. for a 2

MHZ system. in the downstream. the HDT 12 would generate the channels

over a subset of the total band. The HISUS are inherently narrowband and

would be able to tune into the 2 MHz band. The MISUS supporting 130

channels. would receive signals beyond the 2 MHZ band. They would require

reduction in filter selectivity by way of a hardware modification. An eight)’

(80) channel MISU would be able to operate with the constraints of the 2

MHZ. system. In the upstream. the HISUs would generate signals within the

2 MHz band and the MlSUs transmit section would restrict the information

generated to the narrower band. At the HDT. the ingress filtering would

provide sufficient selectivity against out of band signal energy. The

narrowband system would require synchronization bands at the edges of the 2
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As previously described. acquisition of signal parameters for

initializing the system for detection of the downstream information is

performed using the downstream synchronization channels. The ISUs use the

carrier. amplitude. timing recovery block 166 to establish the downstream

synchronization of frequency. amplitude and timing for such detection of

downstream information. The downstream signal constitutes a point to multi-

point topology and the OFDM waveform arrives at the ISUs via a single path

in an inherently synchronous manner.

In the upstream direction, each ISU 100 must be initialized and

activated through a process of upstream synchronization before an HDT 12

can enable the ISU 100 for transmission. The process of upstream

synchronization for the ISUs is utilized so that the waveform from distinct

lSUs combine to a unified waveform at the HDT. The upstream

synchronization process, portions of which were previously described. involves

various steps. They include: ISU transmission level adjustment, upstream

multicarrier symbol aligmnent, carrier frequency adjustment. and round trip

path delay adjustment. Such synchronization is performed after acquisition of

a 6 MHZ band of operation.

Generally. with respect to level adjustment. the HDT 12 calibrates the

measured signal strength of the upstream transmission received from an ISU

100 and adjusts the ISU 100 transmit level so that all lSUs are within

acceptable threshold. Level adjustment is performed prior to symbol

alignment and path delay adjustment to maximize the accuracy of these

measurements.

Generally. symbol alignment is a necessary requirement for the

multicarrier modulation approach implemented by the MCC modems 82 and

the ISU modems 101. In the downstream direction of transmission. all

information received at the ISU 100 is generated by a single CXMU 56. so

the symbols modulated on each multicarrier are automatically phase aligned.

However. upstream symbol alignment at the MCC modem 82 receiver

architecture varies due to the multi-point to point nature of the HFC
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distribution network ll and the unequal delay paths of the lSUs 100. In order

to have maximum receiver efficiency. all upstream symbols must be aligned

within a narrow phase margin. This is done by providing an adjustable delay

path parameter in each ISU 100 such that the symbol periods of all channels

received upstream from the different lSUs are aligned at the point they reach

the HDT 12.

Generally, round trip path delay adjustment is performed such that the

round trip delay from the HDT network interface 62 to all lSUs 100 and back

to the network interface 62 from all the lSUs 100 in a system must be equal.

This is required so that signaling multiframe integrity is preserved throughout

the system. All round trip processing for the telephony transport section has a

predictable delay with the exception of the physical delay associated with

signal propagation across the HFC distribution network 1] itself. lSUs 100

located at close physical distance from the HDT 12 will have less round trip

delay than lSUs located at the maximum distance from the HDT 12. Path

delay adjustment is implemented to force the transport system of all ISUs to

have equal round trip propagation delay. This also maintains DSl multiframe

alignment for DSl channels transported through the system, maintaining in-

band channel signaling or robbed-bit signaling with the same alignment for

voice services associated with the same DSl.

Generally. carrier frequency adjustment must be performed such that

the spacing between carrier frequencies is such as to maintain orthogonality of

the carriers. If the multicarriers are not received at the MCC modem 82 in

orthogonal alignment. interference between the multicarriers may occur. Such

carrier frequency adjustment can be performed in a manner like that of

symbol timing or amplitude adjustment or may be implemented on the ISU as

described previously above.

In the initialization process. when the ISU has just been powered up,

the ISU 100 has no knowledge of which downstream 6 MHZ frequency band

it should be receiving in which provides the need for the acquisition of 6 MHZ

band for operation step of the initialization process. Until an ISU lO0 has

successfully acquired a 6 MHZ band for operation. it implements a "scanning"
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approach to locate its downstream frequency band. A local processor of the

CXSU controller 102 of ISU 100 starts with a default 6 MHZ receive

frequency band somewhere in the range from 625 to 850 MHZ. The ISU 100

waits for a period of time. for example 100 milliseconds. in each 6 MHZ band

to look for a valid 6 MHZ acquisition command which matches a unique

identification number for the ISU 100; which unique identifier may take the

form of or be based on a serial number of the ISU equipment. If a valid 6

MHZ acquisition command is not found in that 6 MHZ band. the CXSU

controller 102 looks at the next 6 MHZ band and the process is repeated. In

this manner. as explained further below. the HDT 12 can tell the ISU 100

which 6 MHZ band it should use for frequency reception and which band for

frequency transmission upstream.

The process of initialization and activation of ISUS. as generally

described above. and tracking or follow-up synchronization is further

described below. This description is written using an MISU 66 in conjunction

with a CXSU controller 103 but is equally applicable to any ISU I00

implemented with an equivalent controller logic. The coax master card logic

(CXMC) 80 is instructed by the shelf controller unit (SCNU) 58 to initialize

and activate a particular ISU 100. The SCNU uses an ISU designation

number to address the ISU 100. The CXMC 80 correlates the ISU

designation number with an equipment serial number. or unique identifier. for

the equipment. No two ISU equipments shipped from the factory possess the

same unique identifier. If the ISU 100 has never before been initialized and

activated in the current system database, the CXMC 80 chooses a personal

identification number (PIN) code for the ISU 100 being initialized and

activated. This PIN code is then stored in the CXMC 80 and effectively

represents the "address" for all communications with that ISU 100 which will

follow. The CXMC 80 maintains a lookup table between each ISU

designation number, the unique identifier for the ISU equipment. and the PIN

code. Each ISU 100 associated with the CXMU 56 has a unique PIN address

code assignment. One PIN address code will be reserved for a broadcast

feature to all ISUs. which allows for the HDT to send messages to all
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The CXMC 80 sends an initialization and activation enabling message

to the MCC modem 82 which notifies the MCC modem 82 that the process is

beginning and the associated detection functionality in the MCC modem 82

should be enabled. Such functionality is performed at least in part by carrier.

amplitude. timing recovery block 222 as shown in the MCC upstream receiver

architecture of Figure 15 and as previously discussed.

The CXMC 80 transmits an identification message by the MCC

modem 82 over all IOC channels of the 6 MHz band in which it transmits.

The message includes a PIN address code to be assigned to the ISU being

initialized and activated. a command indicating that ISU initialization and

activation should be enabled at the ISU l00, the unique identifier for the ISU

equipment. such as the equipment serial number. and cyclical redundancy

Checksum (CRC). The messages are sent periodically for a certain period of

time. This period of time being the maximum time which an ISU can scan all

downstream 6 MHz bands, listening for a valid identification message. The

periodic rate. for example 50 msec. affects how quickly the ISU learns its

identity. The CXMC 80 will never attempt to synchronize more than one ISU

at a time. A software timeout is implemented if an ISU does not respond

after some maximum time limit is exceeded. This timeout must be beyond

the maximum time limit required for an ISU to obtain synchronization

functions.

During periodic transmission by CXMC 80, the ISU implements the

scanning approach to locate its downstream frequency band. The local

processor of the CXSU starts with a default 6 MHz receive frequency band

somewhere in the range from 625 to 850 MHZ. The ISU 100 selects the

primary synchronization channel of the 6 MHZ band and then tests for loss of

synchronization after a period of time. If loss of synchronization is still

present. the secondary synchronization channel is selected and tested for loss

of synchronization after a period of time. If loss of synchronization is still

present. then the ISU restarts selection of the synchronization channels on the

next 6 MHZ band. When loss of synchronization is not present on a
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synchronization channel then the ISU selects the first subband including the

IOC and listens for a correct identification message. If a correct identification

message is found which matches its unique identifier then the PIN address

code is latched into an appropriate register. If a correct identification message

is not found in the first subband then a middle subband is selected. such as the

11th subband. and the ISU again listens for the correct identification message.

If the message again is incorrect. then the ISU restarts on another 6 MHZ

band. The ISU listens for the correct identification message in a subband for

a period of time equal to at least two times the CXMU transmission time, for

example 100 msec when transmission time is 50 msec as described above.

The initialization and activation commands are unique commands in the ISU

I00. as the ISU 100 will not require a PIN address code match to respond to

such commands. but only a valid unique identifier and CRC match. However,

the initialization and activation command from the CXMC 80 transmitted via

the MCC modem 82 will be the only command which an ISU 100 will be

allowed to receive without a valid PIN address code match. If an un-

initialized and un-activated ISU 100 receives an initialization and activation

command from the CXMC 80 via the MCC modem 82 on an IOC channel.

data which matches the unique identifier and a valid CRC. the CXSU 102 of

the ISU 100 will store the PIN address code transmitted with the command

and the unique identifier. From this point on, the ISU 100 will only respond

to commands which address it by its correct PIN address code. or a broadcast

address code: unless. of course. the ISU is re-activated again and given a ne\\

PIN address code.

After the ISU 100 has received a match to its unique identifier. the

ISU will receive the upstream frequency band command with a valid PIN

address code that tells the ISU 100 which 6 MHZ band to use for upstream

transmission and the carrier or tone designations for the upstream IOC channel

to be used by the ISU 100. The CXSU controller 102 interprets the command

and correctly activates the ISU modem 10] of the ISU 100 for the correct

upstream frequency band to respond in. Once the ISU modem 10] has

acquired the correct 6 MHZ band. the CXSU controller I03 sends a message
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command to the ISU modem 101 to enable upstream synchronization.

Distributed loops utilizing the carrier. amplitude, and timing recovery block

222 of the MCC modem upstream receiver architecture of the HDT 12 is used

to lock the various ISU parameters for upstream transmission. including

amplitude, carrier frequency, symbol alignment. and path delay.

Figure 16 describes this distributed loop generally. When a new unit

is hooked to a cable. the HDT l2 instructs the ISU hooked to the cable to go

into an upstream synchronization mode exclusive of any other ISU 100. The

HDT is then given information on the new ISU and provides downstream

commands for the various parameters to the subscriber ISU unit. The ISU

begins transmission in the upstream and the HDT l2 locks to the upstream

signal. The HDT 12 derives an error indicator with regard to the parameter

being adjusted and commands the subscriber ISU to adjust such parameter.

The adjustment of error is repeated in the process until the parameter for ISU

transmission is locked to the HDT 12.

More specifically, after the ISU 100 has acquired the 6 MHz band for

operation, the CXSU 102 sends a message command to the ISU modem 10]

and the ISU modem lOl transmits a synchronization pattern on a

synchronization channel in the primary synchronization band of the spectral

allocation as shown in Figure 9. The upstream synchronization channels

which are offset from the payload data channels as allocated in Figure 9

include both a primary and a redundant synchronization channel such that

upstream synchronization can still be accomplished if one of the

synchronization channels is corrupted.

The MCC modem 82 detects a valid signal and performs an amplitude

level measurement on a received signal from the ISU. The synchronization

pattern indicates to the CXMC 80 that the ISU 100 has received the activation

and initialization and frequency band commands and is ready to proceed with

upstream synchronization. The amplitude level is compared to a desired

reference level. The CXMC 80 determines whether or not the transmit level

of the ISU I00 should be adjusted and the amount of such adjustment. If

level adjustment is required. the CXMC 80 transmits a message on the
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‘ downstream IOC channel instructing the CXSU 102 of the ISU 100 to adjust

the power level of the transmitter of the ISU modem 101. The CXMC 80

continues to check the receive power level from the ISU 100 and provides

adjustment commands to the ISU 100 until the level transmitted by the ISU

100 is acceptable. The amplitude is adjusted at the ISU as previously

discussed. If amplitude equilibrium is not reached within a certain number of

iterations of amplitude adjustment or if a signal presence is never detected

utilizing the primary synchronization channel then the same process is used on

the redundant synchronization channel. If amplitude equilibrium is not

reached within a certain number of iterations of amplitude adjustment or if a

signal presence is never detected utilizing the primary or redundant

synchronization channels then the ISU is reset.

Once transmission level adjustment of the ISU 100 is completed and

has been stabilized. the CXMC 80 and MCC modem 82 perform carrier

frequency locking. The MCC modem 82 detects the carrier frequency as

transmitted by the ISU 100 and performs a correlation on the received

transmission from the ISU to calculate a carrier frequency error correction

necessary to orthogonally align the multicarriers of all the upstream

transmissions from the ISUs. The MCC modem 82 returns a message to the

CXMC 80 indicating the amount of carrier frequency error adjustment

required to perform frequency alignment for the ISU. The CXMC 80

transmits a message on a downstream IOC channel via the MCC modem 82

instructing the CXSU 102 to adjust the transmit frequency of the ISU modem

10] and the process is repeated until the frequency has been established to

within a certain tolerance for the OFDM channel spacing. Such adjustment

would be made via at least the synthesizer block 195 (Figures 13 and 14). If

frequency locking and adjustment is accomplished on the ISU as previously

described, then this frequency adjustment method is not utilized.

To establish orthogonality. the CXMC 80 and MCC modem 82

perform symbol alignment. The MCC modem 82 detects the synchronization

channel modulated at a 8 kHz frame rate transmitted by the ISU modem 101

and performs a hardware correlation on the receive signal to calculate the
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delay correction necessary to symbol align the upstream ISU transmission

from all the distinct ISUs 100. The MCC modem 82 returns a message to the

CXMC 80 indicating the amount of delay adjustment required to symbol align

the ISU lO0 such that all the symbols are received at the l-IDT 12

simultaneously. The CXMC 80 transmits a message in a downstream IOC

channel by the MCC modem 82 instructing the CXSU 103 to adjust the delay

of the ISU modem 101 transmission and the process repeats until ISU symbol

alignment is achieved. Such symbol alignment would be adjusted via at least

the clock delay 196 (Figures 13 and 14). Numerous iterations may be

necessary to reach symbol alignment equilibrium and if it is not reached

within a predetermined number of iterations. then the ISU may again be
reset.

Simultaneously with symbol alignment. the CXMC 80 transmits a

message to the MCC modem 82 to perform path delay adjustment. The

CXMC 80 sends a message on a downstream IOC channel via the MCC

modem 82 instructing the CXSU controller 102 to enable the ISU modem 101

to transmit a another signal on a synchronization channel which indicates the

multiframe (2 kHz) alignment of the ISU 100. The MCC modem 82 detects

this multiframe alignment pattern and performs a hardware correlation on the

pattern. From this correlation. the modem 82 calculates the additional symbol

periods required to meet the round trip path delay of the communication

system. The MCC modem 82 then returns a message to the CXMC 80

indicating the additional amount of delay which must be added to meet the

overall path delay requirements and the CXMC then transmits a message on a

downstream IOC channel via the MCC modem 82 instructing the CXSU

controller 102 to relay a message to the ISU modem l0l containing the path

delay adjustment value. Numerous iterations may be necessary to reach path

delay equilibrium and if it is not reached within a predetermined number of

iterations. then the ISU may again be reset. Such adjustment is made in the

ISU transmitter as can be seen in the display delay buffer "n" samples 192 of

the upstream transmitter architectures of Figures 13 and 14. Path delay and

symbol alignment may be performed at the same time. separately or together
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using the same or different signals sent on the synchronization channel.

Until the ISU is initialized and activated, the ISU 100 has no capability

of transmitting telephony data information on any of the 480 tones or carriers.

After such initialization and activation has been completed. the ISUs are

within tolerance required for transmission within the OFDM waveform and the

ISU is informed that transmission is possible and upstream synchronization is

complete.

After an ISU 100 is initialized and activated for the system, follow—up

synchronization or tracking may be performed periodically to keep the lSUs

calibrated within the required tolerance of the OFDM transport requirements.

The follow-up process is implemented to account for drift of component

values with temperature. If an ISU 100 is inactive for extreme periods of

time, the ISU can be tuned to the synchronization channels and requested to

update upstream synchronization parameters in accordance with the upstream

synchronization process described above. Alternatively. if an ISU has been

used recently. the follow—up synchronization or tracking can proceed over an

IOC channel. Under this scenario. as generally shown in Figure 17, the ISU

100 is requested to provide a signal over an IOC channel by the HDT 12.

The HDT 12 then acquires and verifies that the signal is within the tolerance

required for a channel within the OFDM waveform. If not than the ISU is

requested to adjust such errored parameters. In addition. during long periods

of use. ISUs can also be requested by the HDT 12 to send a signal on an IOC

channel or a synchronization channel for the purpose of updating the upstream

synchronization parameters.

In the downstream direction, the IOC channels transport control

information to the ISUs 100. The modulation format is preferably

differentially encoded BPSK. although the differential aspect of the

downstream modulation is not required. In the upstream direction. the IOC

channels transport control information to the HDT 12. The IOC channels are

differentially BPSK modulated to mitigate the transient time associated with

the equalizer when sending data in the upstream direction. Control data is

slotted on a byte boundary (500 us frame). Data from any ISU can be
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transmitted on an IOC channel asynchronously; therefore. there is the potential

for collisions to occur.

As there is potential for collisions. detection of collisions on the

upstream IOC channels is accomplished at a data protocol level. The protocol

for handling such collisions may. for example. include exponential backoff by

the ISUS. As such, when the HDT 12 detects an error in transmission. a

retransmission command is broadcast to all the lSUs such that the ISUS

retransmit the upstream signal on the IOC channel after waiting a particular

time; the wait time period being based on an exponential function.

One skilled in the art will recognize that upstream synchronization can

be implemented allowing for multi-point to point transmission using only the

symbol timing loop for adjustment of symbol timing by the lSUs as

commanded by the HDT. The frequency loop for upstream synchronization

can be eliminated with use of high quality local free running oscillators in the

lSUs that are not locked to the HDT. In addition. the local oscillators at the

ISUs could be locked to an outside reference. The amplitude loop is not

essential to achieve symbol alignment at the HDT.

Call processing in the communication system 10 entails the manner in

which a subscriber is allocated channels of the system for telephony transport

from the HDT 12 to the lSUs 100. The present communication system in

accordance with the present invention is capable of supporting both call

processing techniques not involving concentration. for example. TR-8 services.

and those involving concentration. such as TR-303 services. Concentration

occurs when there are more ISU terminations requiring service than there are

channels to service such ISUS. For example. there may be 1.000 customer

line terminations for the system. with only 240 payload channels which can be

allocated to provide service to such customers.

Where no concentration is required. such as for TR-8 operation.

channels within the 6 MHZ spectrum are statically allocated. Therefore. only

reallocation of channels shall be discussed further below with regard to

channel monitoring.

On the other hand. for dynamically allocated channels to provide
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concentration. such as for providing TR-303 services, the HDT 12 supports

on-demand allocation of channels for transport of telephony data over the

HFC distribution network 11. Such dynamic allocation of channels is

accomplished utilizing the IOC channels for communication between the HDT

l2 and the ISUS 100. Channels are dynamically allocated for calls being

received by a customer at an ISU 100. or for calls originated by a customer at

an ISU 100. The CXMU 56 of HDT 12, as previously discussed. implements

IOC channels which carry the call processing information between the HDT

12 and the ISUs 100. In particular. the following call processing messages

exist on the IOC channels. They include at least a line seizure or off-hook

message from the ISU to the HDT: line idle or on-hook message from the

ISU to the HDT; enable and disable line idle detection messages between the

HDT and the lSUs.

For a call to a subscriber on the HFC distribution network 11, the

CTSU 54 sends a message to the CXMU 56 associated with the subscriber

line termination and instructs the CXMU 56 to allocate a channel for transport

of the call over the HFC distribution network 11. The CXMU 56 then inserts

a command on the IOC channel to be received by the ISU 100 to which the

call is intended; the command providing the proper information to the CXSU

102 to alert the ISU 100 as to the allocated channel.

When a call is originated by a subscriber at the ISU side. each ISU

100 is responsible for monitoring the channel units for line seizure. When

line seizure is detected. the ISU l00 must communicate this change along with

the PIN address code for the originating line to the CXMU 56 of the HDT 12

using the upstream IOC operation channel. Once the CXMU 56 correctly

receives the line seizure message. the CXMU 56 forwards this indication to

the CTSU 54 which. in turn, provides the necessary information to the

switching network to set up the call. The CTSU S4 checks the availability of

channels and allocates a channel for the call originated at the ISU 100. Once

a channel is identified for completing the call from the ISU 100. the CXMU

56 allocates the charmel over the downstream IOC channel to the ISU 100

requesting line seizure. When a subscriber returns on hook. an appropriate
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line idle message is sent upstream to the HDT 12 which provides such

information to the CTSU 54 such that the channel can then be allocated again

to support TR-303 services.

Idle channel detection can further be accomplished in the modem

utilizing another technique. After a subscriber at the ISU 100 has terminated

use of a data payload channel. the MCC modem 82 can make a determination

that the previously allocated channel is idle. ldle detection may be performed

by utilizing the equalization process by equalizer 214 (Figure 15) which

examines the results of the FFT which outputs a complex (I and Q

component) symbol value. An error is calculated. as previously described

herein with respect to equalization. which is used to update the equalizer

coefficients. Typically, when the equalizer has acquired the signal and valid

data is being detected. the error will be small. In the event that the signal is

terminated, the error signal will increase, and this can be monitored by signal

to noise monitor 305 to determine the termination of the payload data channel

used or channel idle status. This information can then be utilized for

allocating idle channels when such operation of the system supports

concentration.

The equalization process can also be utilized to determine whether an

unallocated or allocated channel is being corrupted by ingress as shall be

explained in further detail below with respect to channel monitoring.

The telephony transport system may provide for channel protection

from ingress in several manners. Narrowband ingress is a narrowband signal

that is coupled into the transmission from an external source. The ingress

signal which is located within the OFDM waveform can potentially take the

entire band offline. An ingress signal is (most likely) not orthogonal to the

OFDM carriers. and under worst case conditions can inject interference into

every OFDM carrier signal at a sufficient level to corrupt almost every DSO+

to an extent that performance is degraded below a minimum bit error rate.

One method provides a digitally tunable notch filter which includes an

interference sensing algorithm for identifying the ingress location on the

frequency band. Once located. the filtering is updated to provide an arbitrary
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filter response to notch the ingress from the OFDM waveform. The filter

would not be part of the basic modem operation but requires the identification

of channels that are degraded in order to "tune" them out. The amount of

channels lost as a result of the filtering would be determined in response to

the bit error rate characteristics in a frequency region to determine how many

channels the ingress actually corrupted.

Another approach as previously discussed with respect to the ingress

filter and FFT 112 of the MCC upstream receiver architecture of Figure l5 is

the polyphase filter structure. The cost and power associated with the filter are

absorbed at the HDT 12. while supplying sufficient ingress protection for the

system. Thus. power consumption at the ISUs 100 is not increased. The

preferred filter structure involves two staggered polyphase filters as previously

discussed with respect to Figures 20 and 2] although use of one filter is

clearly contemplated with loss of some channels. The filter/transform pair

combines the filter and demodulation process into a single step. Some of the

features provided by polyphase filtering include the ability to protect the

receive band against narrowband ingress and allow for scalable bandwidth

usage in the upstream transmission. With these approaches. if ingress renders

some channels unusable. the HDT 12 can command the lSUs to transmit

upstream on a different carrier frequency to avoid such ingress.

The above approaches for ingress protection. including at least the use

of digital tunable notch filters and polyphase filters. are equally applicable to

point to point systems utilizing multicarrier transport. For example. a single

MISU transporting to a single HDT may use such techniques. In addition.

uni-directional multi-point to point transport may also utilize such techniques

for ingress protection.

In addition. channel monitoring and allocation or reallocation based

thereon may also be used to avoid ingress. External variables can adversely

affect the quality of a given channel. These variables are numerous. and can

range from electro-magnet interference to a physical break in an optical fiber.

A physical break in an optical fiber severs the communication link and cannot

be avoided by switching channels. however. a channel which is electrically
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interfered with can be avoided until the interference is gone. After the

interference is gone the channel could be used again.

Referring to Figure 28, a channel monitoring method is used to detect

and avoid use of corrupted channels. A channel monitor 296 is used to

receive events from board support software 298 and update a channel quality

table 300 in a local database. The monitor 296 also sends messages to a fault

isolator 302 and to channel allocator 304 for allocation or reallocation. The

basic input to the channel monitor is parity errors which are available from

hardware per the upstream DSO+ channels; the DSO+ channels being 10-bit

channels with one of the bits being a parity or data integrity bit inserted in the

channel as previously discussed. The parity error information on a particular

channel is used as raw data which is sampled and integrated over time to

arrive at a quality status for that channel.

Parity errors are integrated using two time frames for each of the

different service types including POTS. ISDN. DDS, and DS1. to determine

channel status. The first integration routine is based on a short integration

time of one second for all service types. The second routine. long integration.

is service dependent. as bit error rate requirements for various services require

differing integration times and monitoring periods as seen in Table 3. These

two methods are described below.

Referring to Figure 29A. 29B, and 29C. the basic short integration

operation is described. When a parity error of a channel is detected by the

C XMU 56. a parity interrupt is disabled by setting the interrupt priority level

above that of the parity interrupt (Figure 29A). If a modem alarm is received

which indicates a received signal failure. parity errors will be ignored until the

failure condition ends. Thus. some failure conditions will supersede parity

error monitoring. Such alarm conditions may include loss of signal. modem

failure. and loss of synchronization. lf a modem alarm is not active. a parity

count table is updated and an error timer event as shown in Figure 29B is

enabled.

When the error timer event is enabled. the channel monitor 296 enters

a mode wherein parity error registers of the CXMU 56 are read every 10
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milliseconds and error counts are summarized after a one second monitoring

period. Generally, the error counts are used to update the channel quality

database and determine which (if any) channels require re-allocation. The

channel quality table 300 of the database contains an ongoing record of each

channel. The table organizes the history of the channels in categories such as:

current ISU assigned to the channel, start of monitoring. end of monitoring,

total error. errors in last day. in last week and in last 30 days. number of

seconds since last error, severe errors in last day, in last week and in last 30

days, and current service type. such as ISDN. assigned to the channel.

As indicated in Figure 29A. after the parity interrupt is disabled and no

active alarm exists, the parity counts are updated and the timer event is

enabled. The timer event (Figure 29B). as indicated above. includes a one

second loop where the errors are monitored. As shown in Figure 29B. if the

one second loop has not elapsed, the error counts are continued to be updated.

When the second has elapsed. the errors are summarized. If the summarized

errors over the one second period exceed an allowed amount indicating that an

allocated channel is corrupted or bad. as described below. channel allocator

304 is notified and ISU transmission is reallocated to a different channel. As

shown in Figure 29C. when the reallocation has been completed. the interrupt

priority is lowered below parity so that channel monitoring continues and the

channel quality database is updated concerning the actions taken. The

reallocation task may be accomplished as a separate task from the error timer

task or performed in conjunction with that task. For example. the reallocator

304 may be part of channel monitor 296.

As shown in Figure 29D in an alternate embodiment of the error timer

task of Figure 29B. channels can be determined to be bad before the one

second has elapsed. This allows the channels that are determined to be

corrupted during the initial portion of a one second interval to be quickly

identified and reallocated without waiting for the entire one second to elapse.

Instead of reallocation. the power level for transmission by the ISU

may be increased to overcome the ingress on the channel. However. if the

power level on one channel is increased. the power level of at least one other
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channel must be decreased as the overall power level must be kept

substantially constant.

If all channels are determined bad, the fault isolator 302 is notified

indicating the probability that a critical failure is present. such as a fiber

break. If the summarized errors over the one second period do not exceed an

allowed amount indicating that the allocated channel is not corrupted. the

interrupt priority is lowered below parity and the error timer event is disabled.

Such event is then ended and the channels once again are monitored for parity

errors per Figure 29A.

Two issues presented by periodic parity monitoring as described above

must be addressed in order to estimate the bit error rate corresponding to the

observed count of parity errors in a monitoring period of one second to

determine if a channel is corrupted. The first is the nature of parity itself.

Accepted practice for data formats using block error detection assumes that an

errored block represents one bit of error. even though the error actually

represents a large number of data bits. Due to the nature of the data transport

system. errors injected into modulated data are expected to randomize the

data. This means that the average errored frame will consist of four (4)

errored data bits (excluding the ninth bit). Since parity detects only odd bit

errors. half of all errored frames are not detected by parity. Therefore. each

parity (frame) error induced by transport interference represents an average of

8 (data) bits of error. Second, each monitoring parity error represents 80

frames of data (10 ms/ 125 us). Since the parity error is latched. all errors

will be detected. but multiple errors will be detected as one error.

The bit error rate (BER) used as a basis for determining when to

reallocate a channel has been chosen as 10"‘. Therefore. the acceptable

number of parity errors in a one second interval that do not exceed 10° must

be determined. To establish the acceptable parity errors. the probable number

of frame errors represented by each observed (monitored) parity error must be

predicted. Given the number of monitored parity errors. the probable number

of frame errors per monitored parity error. and the number of bit errors

represented by a frame (parity) error. a probable bit error rate can be derived.
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A statistical technique is used and the following assumptions are made:

1. Errors have a Poisson distribution. and

2. If the number of monitored parity errors is small (< 10) with

respect to the total number of "samples" (100), the monitored

parity error rate (MPER) reflects the mean frame error rate

(FER).

Since a monitored parity error (MPE) represents 80 frames. assumption 2

implies that the number of frame errors (FES) "behind" each parity error is

equal to 80 MPER. That is, for 100 parity samples at 10 ms per sample. the

mean number of frame errors per parity error is equal to 0.8 times the count

of MPES in one second. For example, if 3 MPES are observed in a one

second period. the mean number of FEs for each MPE is 2.4. Multiplying the

desired bit error rate times the sample size and dividing by the bit errors per

frame error yields the equivalent number of frame errors in the sample. The

number of FEs is also equal to the product of the number of MPES and the

number of FES per MPE. Given the desired BER, a solution set for the

following equation can be determined.

(MPE—Fl7'—) =0.8MPE
MPE

The Poisson distribution. as follows. is used to compute the probability of a

given number of FEs represented by a MPE (y_), and assumption 2. above. is

used to arrive at the mean number of FES per MPE (pt).
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Since the desired bit error rate is a maximum. the Poisson equation is applied

successively with values for X of 0 up to the maximum number. The sum of

these probabilities is the probability that no more than 1 frame errors occurred

for each monitored parity error.

The results for a bit error rate of 105 and bit errors per frame error of

1 and 8 are shown in Table 2.

Table 2: Bit Error Rate Probability

Maximum Average
Frame Frame

Errors/ Errors/

Bit Errors Monitored Monitored Monitored Probability

per Frame Parity Parity Parity of BER
Error Errors E_rro_rQ) Error (g) <- l 05

98%

78%

38%

80%

9 7 . 56%

10 7 . 45%

Using this technique. a value of 4 monitored parity errors detected

during a one second integration was determined as the threshold to reallocate

service of an ISU to a new channel. This result is arrived at by assuming a

worst case of 8 bit errors per frame error. but a probability of only 38% that

the bit error rate is better than 10"‘. The product of the bit errors per frame.

monitored parity errors and maximum frame errors per monitored parity error

must be 64. for a bit error rate of 10” (64 errors in 64k bits). Therefore.

when the sampling of the parity errors in the error timer event is four or

greater. the channel allocator is notified of a corrupted channel. If the

sampled monitored parity errors is less than 4. the interrupt priority is lowered

below parity and the error timer event is disabled. ending the timer error event
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and the channels are then monitored as shown in the flow diagram of 27A.

The following is a description of the long integration operation

performed by the background monitor routine (Figure 30) of the channel

monitor 296. The background monitor routine is used to ensure quality

integrity for channels requiring greater quality than the short integration 103

bit error rate. As the flow diagram shows in Figure 30, the background

monitor routine operates over a specified time for each service type, updates

the channel quality database table 300. clears the background count,

determines if the integrated errors exceed the allowable limits determined for

each service type, and notifies the channel allocator 304 of bad channels as

needed.

In operation. on one second intervals. the background monitor updates

the channel quality database table. Updating the channel quality data table has

two purposes. The first purpose is to adjust the bit error rate and number of

errored seconds data of error free channels to reflect their increasing quality.

The second purpose is to integrate intermittent errors on monitored channels

which are experiencing error levels too low to result in short integration time

reallocation (less than 4 parity errors/second). Channels in this category have

their BER and numbers of errored seconds data adjusted, and based on the

data. may be re-allocated. This is known as long integration time re-

allocation. and the default criteria for long integration time re-allocation for

each service type are shown as follows:

Table 3

Service Maximum Errored Monitoring

type: BER: Integration Time: seconds Period:

10” 1 second

157 seconds

157 seconds

15.625 seconds

Because POTS service does not require higher quality than 10'}. corrupted

channels are sufficiently eliminated using the short integration technique and
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As one example of long integration for a service type, the background

monitor shall be described with reference to a channel used for ISDN

transport. Maximum bit error rate for the channel may be 10"’. the number of

seconds utilized for integration time is 157, the maximum number of errored

seconds allowable is 8% of the 157 seconds. and the monitoring period is one

hour. Therefore. if the summation of errored seconds is greater than 8% over

the 157 seconds in any one hour monitoring period, the channel allocator 304

is notified of a bad channel for ISDN transport.

Unallocated or unused channels. but initialized and activated. whether

used for reallocation for non-concentration services such as TR—8 or used for

allocation or reallocation for concentration services such as TR-303. must also

be monitored to insure that they are not bad. thereby reducing the chance that

a bad channel will ‘be allocated or reallocated to an ISU 100. To monitor

unallocated channels. channel monitor 304 uses a backup manager routine

(Figure 31) to set up unallocated channels in a loop in order to accumulate

error data used to make allocation or re-allocation decisions. When an

unallocated channel experiences errors, it will not be allocated to an ISU 100

for one hour. After the channel has remained idle (unallocated) for one hour.

the channel monitor places the channel in a loop back mode to see if the

channel has improved. In loop back mode, the CXMU 56 commands an

initialized and activated ISU l0O to transmit a message on the channel long

enough to perform short or long integration on the parity errors as appropriate.

In the loop back mode. it can be determined whether the previously corrupted

channel has improved over time and the channel quality database is updated

accordingly. When not in the loop back mode. such channels can be powered
down.

As described above. the channel quality database includes information

to allow a reallocation or allocation to be made in such a manner that the

channel used for allocation or reallocation is not corrupted. In addition. the

information of the channel quality database can be utilized to rank the

unallocated channels as for quality such that they can be allocated effectively.
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For example. a channel may be good enough for POTS and not good enough

for ISDN. Another additional channel may be good enough for both. The

additional channel may be held for ISDN transmission and not used for POTS.

In addition, a particular standby channel of very good quality may be set aside

such that when ingress is considerably high. one channel is always available to

be switched to.

In addition. an estimate of signal to noise ratio can also be determined

for both unallocated and allocated channels utilizing the equalizer 214 of the

MCC modem 82 upstream receiver architecture as shown in Figure 15. As

described earlier. the equalizer was previously utilized to determine whether a

channel was idle such that it could be allocated. During operation of the

equalizer. as previously described. an error is generated to update the equalizer

coefficients. The magnitude of the error can be mapped into an estimate of

signal to noise ratio (SNR) by signal to noise monitor 305 (Figure l5).

Likewise. an unused channel should have no signal in the band. Therefore, by

looking at the variance of the detected signal within the unused FFT bin, an

estimate of signal to noise ratio can be determined. As the signal to noise

ratio estimate is directly related to a probable bit error rate. such probable bit

error rate can be utilized for channel monitoring in order to determine whether

a bad or good channel exists.

Therefore. for reallocation for nonconcentration services such as TR—8

services. reallocation can be performed to unallocated channels with such

unallocated channels monitored through the loopback mode or by SNR

estimation by utilization of the equalizer. Likewise. allocation or reallocation

for concentration services such as TR-303 services can be made to unallocated

channels based upon the quality of such unallocated channels as determined by

the SNR estimation by use of the equalizer.

With respect to channel allocation. a channel allocator routine for

channel allocator 304 examines the channel quality database table to determine

which DSO+ channels to allocate to an ISU 100 for a requested service. The

channel allocator also checks the status of the ISU and channel units to verify

in-service status and proper type for the requested service. The channel
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allocator attempts to maintain an optimal distribution of the bandwidth at the

ISUS to pennit flexibility for channel reallocation. Since it is preferred that

lSUs 100. at least l-IISUS. be able to access only a portion of the RF band at

any given time, the channel allocator must distribute channel usage over the

ISUs so as to not overload any one section of bandwidth and avoid

reallocating in-service channels to make room for additional channels.

The process used by the channel allocator 304 is to allocate equal

numbers of each ISU type to each band of channels of the 6 MHz spectrum.

If necessary. in use channels on an ISU can be moved to a new band, if the

current ISU band is full and a new service is assigned to the ISU. Likewise,

if a channel used by an ISU in one band gets corrupted. the ISU can be

reallocated to a channel in another subband or band of channels. Remember

that the distributed IOC channels continue to allow communication between

the HDT 12 and the HISUS as an HISU always sees one of the IOC channels

distributed throughout the spectrum. Generally. channels with the longest low-

error rate history will be used first. In this way. channels which have been

marked bad and subsequently reallocated for monitoring purposes will be used

last. since their histories will be shorter than channels which have been

operating in a low error condition for a longer period.

Second Embodiment of Telephony Transport System

A second embodiment of an OFDM telephony transport system.

referring to Figures 24-27 shall be described. The 6 MHZ spectrum allocation

is shown in Figure 24. The 6 MHZ bandwidth is divided into nine channel

bands corresponding to the nine individual modems 226 (Figure 25). It will

be recognized by one skilled in the art that less modems could be used by

combining identical operations. Each of the channel bands includes 32

channels modulated with a quadrature 32-ary format (32-QAM) having five

bits per symbol. A single channel is allocated to support transfer of

operations and control data (IOC control data) for communication between an

HDT l2 and ISUS 100. This channel uses BPSK modulation.

The transport architecture shall first be described with respect to
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downstream transmission and then with respect to upstream transmission.

Referring to Figure 25. the MCC modem 82 architecture of the l-IDT 12 will

be described. In the downstream direction. serial telephony information and

control data is applied from the CXMC 80 through the serial interface 236.

The serial data is demultiplexed by demultiplexer 238 into parallel data

streams. These data streams are -submitted to a bank of 32 channel modems

226 which perform symbol mapping and fast fourier transform (FFT)

functions. The 32 channel modems output time domain samples which pass

through a set of mixers 240 that are driven by the synthesizer 230. The

mixers 240 create a set of frequency bands that are orthogonal, and each band

is then filtered through the filter/combiner 228. The aggregate output of the

filter/combiner 228 is then upconverted by synthesizer 242 and mixer 24] to

the final transmitter frequency. The signal is then filtered by filter 232,

amplified by amplifier 234, and filtered again by filter 232 to take off any

noise content. The signal is then coupled onto the HFC distribution network

via telephony transmitter 14.

On the downstream end of the HFC distribution network 1]. an ISU

100 includes a subscriber modem 258 as shown in Figure 26. The

downstream signals are received from the ODN 18 through the coax leg 30.

and are filtered by filter 260 which provides selectivity for the entire 6 MHz

band. Then the signal is split into two parts. The first part provides control

data and timing information to synchronize clocks for the system. The second

part provides the telephony data. With the control data received separately

from the telephony data, this is referred to as previously described above as an

out of band ISU. The out of band control channel which is BPSK modulated

is split off and mixed to baseband by mixer 262. The signal is then filtered

by filter 263 and passed through an automatic gain control stage 264 and a

Costas loop 266 where carrier phase is recovered. The signal that results is

passed into a timing loop 268 so timing can be recovered for the entire

modem. The IOC control data. which is a byproduct of the Costas loop. is

passed into the 32 channel OFDM modem 224 of the ISU 100. The second

part of the downstream OFDM waveform is mixed to base band by mixer 270
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and associated synthesizer 272. The output of the mixer 270 is filtered by

filter 273 and goes through a gain control stage 274 to prepare it for

reception. It then passes into the 32 channel OFDM modem 224.

Referring to Figure 27, the IOC control data is hard limited through

function block 276 and provided to microprocessor 226. The OFDM

telephony data is passed through an analog to digital converter 278 and input

to a first-in first-out buffer 280 where it is stored. When a sufficient amount

of information is stored. it is accepted by the microprocessor 226 where the

remainder of the demodulation process. including application of an FFT. takes

place. The microprocessor 226 provides the received data to the rest of the

system through the receive data and receive data clock interface. The fast

fouricr transform (FFT) engine 282 is implemented off the microprocessor.

However. one skilled in the art will recognize that the FFT 282 could be done

by the microprocessor 226.

In the upstream direction. data enters the 32 channel OFDM modem

224 through the transmit data ports and is converted to symbols by the

microprocessor 226. These symbols pass through the FFT engine 282. and the

resulting time domain waveform. including guard samples, goes through a

complex mixer 284. The complex mixer 284 mixes the waveform up in

frequency and the signal is then passed through a random access memory

digital to analog converter 286 (RAM DAC). The RAM DAC contains some

RAM to store up samples before being applied to the analog portion of the

ISU upstream transmitter (Figure 26). Referring to Figure 26. the OFDM

output for upstream transport is filtered by filter 288. The waveform then

passes through mixer 290 where it is mixed under control of synthesizer 291

up to the transmit frequency. The signal is then passed through a processor

gain control 292 so that amplitude leveling can take place in the upstream

path. The upstream signal is finally passed through a 6 MHz filter 294 as a

final selectivity before upstream transmission on the coaxial leg 30 to the

ODN 18.

In the upstream direction at the HDT 12 side. a signal received on the

coax from the telephony receiver 16 is filtered by filter 244 and amplified by
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amplifier 246. The received signal. which is orthogonally frequency division

multiplexed. is mixed to baseband by bank of mixers 248 and associated

synthesizer 250. Each output of the mixers 248 is then filtered by baseband

filter bank 252 and each output time domain waveform is sent then to a

demodulator of the 32 channel OFDM modems 226. The signals pass through

a FFT and the symbols are mapped back into bits. The bits are then

multiplexed together by multiplexer 254 and applied to CXMC 56 through the

other serial interface 256.

As shown in this embodiment. the ISU is an out of band ISU as

utilization of separate receivers for control data and telephony data is

indicative thereof as previously discussed. In addition, the separation of the

Spectrum into channel bands is further shown. Various other embodiments as

contemplated by the accompanying claims of the transport system are possible

by building on the embodiments described herein. In one embodiment. an

IOC control channel for at least synchronization information transport. and the

telephony service channels or paths are provided into a single format. The

IOC link between the HDT 12 and the ISUs 100 may be implemented as four

BPSK modulated carriers operating at 16 kbps. yielding a data rate of 64 kbps

in total. Each subscriber would implement a simple separate transceiver. like

in the second embodiment. which continuously monitors the service channel

assigned to it on the downstream link separately from the telephony channels.

This transceiver would require a tuned oscillator to tune to the service IOC

channel. Likewise. an IOC channel could be provided for channel bands of

the 6 MHz bandwidth and the channel bands may include orthogonal carriers

for telephony data and an IOC channel that is received separately from the

reception of the orthogonal carriers.

In another embodiment. instead of4 BPSK channels. a single 64 kbps

IOC channel is provided. This single channel lies on the OFDM frequency

structure. although the symbol rate is not compatible with the telephony

symbol rate of OFDM framework. This single wide band signal requires a

wider band receiver at the ISU 100 such that the IOC link between the HDT

12 and ISUs is always possible. With single channel support it is possible to
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use a fixed reference oscillator that does not have to tune across any part of

the band in the subscriber units. However, unlike in the first embodiment

where the IOC channels are distributed across the spectrum allowing for

narrow band receivers. the power requirements for this embodiment would

increase because of the use of the wide band receiver at the ISU 100.

In yet another embodiment. the IOC link may include two IOC

channels in each of 32 OFDM channel groups. This increases the number of

OFDM carriers to 34 from 32 in each group. Each channel group would

consist of 34 OFDM channels and a channel band may contain 8 to 10

channels groups. This approach allows a narrow band receiver to be used to

lock to the reference parameters provided by the HDT 12 to utilize an OFDM

waveform. but adds the complexity of also having to provide the control or

service information in the OFDM data path format. Because the subscriber

could tune to any one of the channel groups. the information that is embedded

in the extra carriers must also be tracked by the central office. Since the

system needs to support a timing acquisition requirement. this embodiment

may also require that a synchronization signal be place off the end of the

OFDM waveform.

It is to be understood. however. that even though numerous

characteristics of the present invention have been set forth in the foregoing

description. together with details of the structure and function of the invention.

the disclosure is illustrative and changes in matters of order. shape. size. and

arrangement of the parts, and various properties of the operation may be made

within the principles of the invention and to the full extent indicated by the

broad general meaning of the terms in which the appended claims are

expressed.
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WHAT IS CLAIMED IS:

1. A method for monitoring at least one telephony communication n—bit

channel wherein one of the bits being a parity bit. the method comprising the

steps of:

sampling the parity bit of the n—bit channel; and

deriving a probable bit error rate from the sampling of the parity bit.

2. The method of claim 1, further comprising the step of periodically

monitoring and accumulating error data for at least one unallocated telephony

communication channel.

The method of claim 1, further comprising the steps of:

comparing the probable bit error rate to a pre-determined bit error rate

value to determine if the at least one telephony communication n—bit channel

is corrupted; and

re-allocating the at least one telephony communication n—bit channel to

an uncorrupted and unallocated telephony communication n—bit channel. if the

at least one telephony communication n—bit channel is corrupted.

The method of claim 1 further comprising the steps of:

comparing the probable bit error rate to a pre-determined bit error rate

value to determine if the at least one telephony communication n—bit channel

is corrupted; and

increasing transmission power of the n—bit channel if the n—bit channel

is corrupted. while maintaining total system power.

5. A method for monitoring at least one telephony communication n—bit

channel wherein one of the bits being a parity bit. the method comprising the

steps of:

sampling the parity bit of the n—bit channel;

deriving a probable bit error rate from the sampling of the parity bit

over a time period: and
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comparing the probable bit error rate over the time period to a pre-

detennined bit error rate value to determine if the n-bit channel is corrupted.

6. The method of claim 5 further comprising the step of re—allocating the

communication from the n-bit channel to a different n-bit channel based on

the comparison.

7. The method of claim 6 wherein the at least one telephony

communication n-bit channel is contained within a band of a plurality of

telephony communication n-bit channels. the band being associated with at

least one control channel. and further wherein the different n-bit channel is

located within the band.

8. The method of claim 6 wherein the at least one telephony

communication n-bit channel is contained within a band of a plurality of

telephony communication n-bit channels. the band being associated with at

least one control channel. and further wherein the different n-bit channel is

located in a second band of a plurality of telephony communication n-bit

channels having another at least one control channel associated therewith.

9. The method of claim 5 further comprising the step of increasing

transmission power of the n-bit channel if the n-bit channel is corrupted. while

maintaining total system power.

10. The method of claim 5 further comprising the step of storing the

probable bit error rate in a table. wherein the table can be used for allocating

future communications on an n-bit channel.

1 l. The method of claim 5 further comprising the steps of:

deriving at least one additional probable bit error rate from the

sampling of the parity bit over at least one longer time period if the channel is

not corrupted: and
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comparing the at least one additional probable bit error rate to an

additional pre-determined bit error rate value to determine if the n-bit channel

is corrupted.

17 The method of claim 11 wherein the predetermined bit error rate value

is for a telephony communication service and the additional predetermined bit

error rate value is for an additional telephony communication service.

13. The method of claim 12 wherein one of the telephony communication

services is ISDN.

14. The method of claim 11 further comprising the step of increasing

transmission power of the n-bit channel if the n-bit channel is corrupted. while

maintaining total system power.

15. The method of claim 11 further comprising the step of re-allocating the

communication from the n-bit channel to a different n-bit channel based on

the comparison of the at least one additional probable bit error rate to an

additional pre-determined bit error rate value.

16. A method for monitoring at least one telephony communication n-bit

channel wherein one of the bits being a parity bit. the method comprising the

steps of:

sampling the parity bit of the n-bit channel over a first time period:

deriving a probable bit error rate from the sampling of the parity bit

over the first time period:

comparing the probable bit error rate over the first time period to 21

pre-determined bit error rate value to determine if the n-bit channel is

corrupted; and

accumulating a probable bit error rate over a plurality of successive

time periods if the n-bit channel is not corrupted.
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17. The method of claim 16 further comprising the step of comparing the

accumulated probable bit error rate over the successive time periods to at least

one additional pre-determined bit error rate Value to determine if the n-bit

channel is corrupted.

18. The method of claim 17 further comprising the step of re-allocating

communication from the n-bit channel to a second n-bit channel if the n-bit

channel is corrupted.

19. The method of claim 17 further comprising the step of increasing

transmission power of the n-bit channel if the n-bit channel is corrupted. while

maintaining total system power.

20. The method of claim 19 wherein the predetermined bit error rate value

is associated with a telephony communication service and the at least one

additional predetermined bit error rate value is associated with at least one

additional telephony communication service.

71. The method of claim 20 wherein one of the telephony communication

services is ISDN.

22. The method of claim 16 further comprising the step of re—allocating

communication from the n-bit channel to a second n-bit channel if the n-bit

channel is corrupted.

23. The method of claim 16 further comprising the step of increasing

transmission power of the n-bit channel if the n-bit channel is corrupted. while

maintaining total system power.

24. A method for monitoring at least one telephony communication n-bit

channel wherein one of the bits being a parity bit. the method comprising the

steps of:
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sampling the parity bit of the n-bit channel:

deriving a probable bit error rate from the sampling of the parity bit

over a first time period;

comparing the probable bit error rate over the first time period to a

first pre-determined bit error rate value to determine if the n-bit chaimel is

corrupted:

deriving a probable bit error rate from the sampling of the parity bit

over a second time period. the second time period being longer than the first

time period and running concurrently with the first time period; and

comparing the probable bit error rate over the second time period to a

second pre-determined bit error rate value to determine if the n-bit channel is

corrupted.

25. The method of claim 24 further comprising the step of re—allocating the

communication from the n-bit channel to a second n-bit channel if the n-bit

channel is corrupted.

26. The method of claim 24 further comprising the step of increasing

transmission power of the n-bit channel if the n-bit channel is corrupted. while

maintaining total system power.

27. The method of claim 24 further comprising the step of storing the

probable bit error rate in a table. wherein the table can be used for allocating
future communications on an n-bit channel.

28. A method for monitoring at least one unallocated telephony

communication channel. the method comprising the steps of:

periodically monitoring the at least one unallocated telephony

communication channel:

accumulating error data for the at least one unallocated telephony

communication channel: and

allowing the at least one unallocated telephony communication channel
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to be allocated based on the error data.

29. The method of claim 28 further comprising the step of re-allocating a

telephony communication from a corrupted telephony communication channel

to the at least one unallocated telephony communication channel.

30. The method of claim 28. wherein the periodically monitoring the at

least one unallocated telephony communication channel step includes:

transmitting an n-bit signal. wherein one of the bits being a parity bit.

from the remote transmitter;

sampling the parity bit of the n-bit channel‘. and

deriving a probable bit error rate from the sampled parity bit.

31. The method of claim 28. wherein the unallocated channel is a

powered-down allocated channel. the method further including the steps of:

powering up a remote transmitter at a remote location on the

unallocated channel so that the channel can be monitored: and

powering down the remote transmitter after the channel is monitored..

32. The method of claim 28. further comprising the step of comparing the

probable bit error rate to a pre—determined bit error rate value to determine if

the channel is corrupt.

33. The method of claim 28 wherein the at least one unallocated telephony

communication channel is one of a plurality of unallocated telephony

communication channels, at least a certain number of the unallocated

telephony communication channels being monitored; the method including the

step of ranking a quality of at least a certain number of the unallocated

channels based on such monitoring.

34. The method of claim 33 wherein the ranking step includes setting a

high quality channel aside as a standby channel.
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ADAPTIVE CHANNEL ALLOCATION IN A

FREQUENCY DIVISION MULTIPLEXED SYSTEM

BACKGROUND OF THE INVENTION

Fie_l_d_o_f_the Invention

This invention relates to cellular telecommunications

systems and, more particularly, to a method and system of

adaptive channel allocation in a frequency division

multiplexed cellular system.

L . . E 1 E . Z

In a cellular telecommunications system the user of

a mobile station communicates with the system through a

radio interface while moving about the geographic coverage

area of the system. The radio interface between the

mobile station and system is implemented by providing base

stations dispersed throughout the coverage area of the

system, each capable of radio communication with the

mobile stations operating within the system. In a typical

cellular telecommunications system each base station of

the system controls communications within a certain

geographic coverage area termed a cell, and a mobile

station which is located within a particular cell

communicates with the base station controlling that cell.

As a mobile station moves throughout the system control

of the communication between the system and mobile station

are transferred from cell to cell according to the

movement of the mobile station throughout the system.

Existing cellular telecommunications systems operate

according to various air interface standards which assure

the compatibility of equipment designed to operate in a

particular system. Each standard provides specific

details of the processes that take place between the

mobile stations and base stations of the system in all

modes of operation, including during idle states, during

rescan of control channels, during registration, and



Page 788 of 1037

W0 97/01256 PCT/SE96/00814

-2-

during connection to voice or traffic channels. Advances

in cellular systems technology have been rapid in recent

years. These advances in technology have been driven by

increases in demand for the increasingly sophisticated

services offered by cellular systems. As cellular systems

technology and the total number of cellular systems has

increased worldwide to meet this demand, there has also

been an accompanying increase in the number of system

standards according to which these cellular systems

operate.

In cellular telecommunications systems, as in most

radio systems, the frequency bandwidth available for use

is a limited resource. Because of this, emphasis is often

concentrated on making the most efficient use possible of

the available frequency bandwidth when developing new

cellular systems. Additionally, communications within

cellular systems are often subject to certain types of RF

signal distortion such as multipath propagation and co-

channel interference. The development of new system

standards has also emphasized the need to minimize the

effect of these RF signal distortions on communications

within the cells of a system.

Frequency division multiplexing (FDM) is a method of

transmitting data that has application to cellular

systems. Orthogonal frequency division multiplexing

(OFDM) is a particular method of FDM that is particularly

suited for cellular systems. An OFDM signal consists of

a number of subcarriers multiplexed together, each

subcarrier at a different frequency and each modulated by

a signal which varies discretely rather than continuously.

Because the level of the modulating signal varies

discretely, the power spectrum of each subcarrier follows2
a (sin x/X) distribution. The spectral shape transmitted

on each subcarrier is such that the spectra of the

individual sub—channels are zero at the other subcarrier

frequencies and interference does not occur between

subcarriers. Generally, N serial data elements modulate



Page 789 of 1037

WO 97/01256 ' PCT/SE96/00814

-3-

N subcarrier frequencies, which are then frequency

division multiplexed. Each of the N serial data elements

comprises a data block with a duration of T=1/fs, where

fs is the bandwidth of the OFDM signal. The subcarriers

of the OFDM system are separated in frequency by multiples

of 1/T. Although the frequency spectrum of the

subcarriers overlap, this frequency spacing makes the

subcarriers orthogonal over one symbol interval so that

the peak of power of each modulated carrier occurs at

frequencies corresponding to nulls in the power spectrum

of the other carriers. The overall spectrum of an OFDM

signal is close to rectangular when a large number of OFDM

carriers are contained in the OFDM signal.

During the time period, T, the OFDM signal may be

represented by a block of N samples. The value of the N

samples is as follows:

The N‘ values X(k) represent the respective data

during period T, of the discretely—varying signals

modulating the OFDM carriers e“"”". From the above, the

OFDM signal corresponds to the inverse Discrete Fourier

Transform of the set of data samples X(k). To convert a

data stream into an OFDM signal, the data stream is split

up into blocks of N samples X(k) and an inverse Discrete

Fourier Transform is performed on each block. The string

of blocks that appears at a particular sample position

over time constitutes a discretely—varying signal that

modulates a certain subcarrier at a frequency fn.

OFDM offers several advantages that are desirable in

a cellular system. In OFDM the orthogonality of the

subcarriers in the frequency spectrum allows the overall

spectrum of an OFDM signal to be close to rectangular.

This results in efficient use of the bandwidth available
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to a system. OFDM also offers advantages in that

interference caused by multipath propagation effects is

reduced. Multipath propagation effects are caused by

radio wave scattering from buildings and other structures

in the path of the radio wave. Multipath propagation may

result in frequency selective multipath fading. In an

OFDM system the spectrum of each individual data element

normally occupies only a small part of the available

bandwidth. This has the effect of spreading out a

multipath fade over many symbols. This effectively

randomizes burst errors caused by the frequency selective

multipath fading, so that instead of one or several

symbols being completely destroyed, many symbols are only

slightly distorted. Additionally, OFDM offers the

advantage that the time period T may be chosen to be

relatively large as compared with symbol delay time on the

transmission channel. This has the effect of reducing

intersymbol interference caused by receiving portions of

different symbols at the same time.

The use of OFDM in cellular systems has been proposed

by Cimini, "Analysis and Simulation of a Digital Mobile

Channel Using Orthogonal Frequency Division Multiplexingfl

;EEE_Iran§__§gmmun+, Vol. 33, No. 7, pp. 665~675 (July,

1985). A similar application of OFDM in a mobile system

has also been proposed by Case, "OFDM for Data

Communication Over Mobile Radio FM-Channels—Part I:

Analysis and Experimental Results", IEEE Trans, §gmmun,,

Vol. 39, No. 5, pp. 783-793 (May, 1991). In these OFDM

cellular systems a set of subcarrier frequencies is

assigned to each communications link created for

transmission from a base station to a mobile station

(downlink) and from a mobile station to a base station

(uplink) operating within a cell. The set of subcarrier

frequencies allocated to each communications link is

chosen from all subcarrier frequencies available to the

system. Within a. cell the same subcarrier frequency

cannot be assigned to more than one communications link.
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Thus, co—channel interference between subcarriers within

the same cell does not occur. However, it is possible in

such an OFDM system that a communications link in a cell

of the system is assigned a set of subcarriers frequencies

that includes one or more subcarriers frequencies also

assigned to a communications link set up in another cell

within the systenu Each of these commonly assigned

subcarriers frequencies may be subject to co-channel

interference caused by the use of the same subcarrier

frequency in the other cells. In these OFDM systems no

method or system exists for coordinating the assignment

of subcarrier frequencies to communications links created

within different cells. In such a system the co—channel

interference in a communications link caused by a

subcarrier used in a neighboring cell could be Very large.

Methods of allocating channel frequencies among cells

in non—OFDM systems have been developed that reduce or

minimize co—channel interference. Adaptive Channel

Allocation (ACA) is such a method. In ACA any channel

frequency allocated to a cellular system may be used to

set up a link in any cell of the system regardless of

whether or not the frequency is used elsewhere in the

system as long as certain interference criteria are met.

The channel frequencies may also be freely reused

throughout the system as long as the interference criteria
are met.

In Adaptive Channel Allocation various measurements

of signal quality and interference levels on dynamically

allocated channel frequencies are performed within the

coverage area of a cell to build a list of traffic or

voice channels that may be assigned to communications

links to be created within the cell. The base station

controlling the cell and mobile stations within the cell's

coverage area perform measurements on the set of channel

frequencies that the system operator has allocated to be

dynamically allocated for communications within the

system. Generally, both uplink and downlink measurements
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are performed. Based on these measurements, when a new

link is to be created, a channel frequency is assigned to

the link based on some rule. For example, in minimum

interference ACA the system builds a table of channels

from the least interfered (highest quality) to the most

interfered (lowest quality) channels as measured within

each cell. The system then selects a certain number of

least interfered channel frequencies from that list to

allocate to communication in that cell. other criteria,

such as certain required frequency separation between the

channels chosen and avoiding certain. combinations of

channels whose frequencies create intermodulation are also

considered. As an example of ACA, H. Eriksson,

"Capacity" Improvement by .Adaptive Channel Allocationfl

 ,pp. 1355-1359, Nov. 28—Dec.

1, 1988, illustrates the capacity gains associated with

a cellular radio system where all of the channels are a

common resource shared by all base stations. In the

above—referenced report, the mobile measures the signal

quality of the downlink, and channels are assigned on the

basis of selecting the channel with the highest carrier

to interference ratio (C/I level).

Existing ACA algorithms which have been created for

non—OFDM cellular systems using one carrier frequency for

each link cannot be effectively used in a cellular system

using OFDM. One problem with the existing ACA techniques

is that the number of subcarriers in an OFDM system is

large compared to the number of carriers in the system

that uses a single carrier for each communications link.

This requires an extensive measurement effort that expends

both time and system resources to obtain the uplink and

downlink measurement results necessary for ACA. In

addition, in order to transfer the results of the large

number of downlink measurements made at a mobile station

to the system for processing, use of a large amount of

signaling resources is necessary.
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It would provide an advantage then, to have a method

and system of adaptive channel allocation for use in an

OFDM system. The method and system should provide an

allocation of subcarriers within an OFDM system that

lessens co—channel interference between cells of the

system. The method and system should also be designed to

take into account the unique features of the OFDM system

in order to utilize system resources effectively when

allocating channels. The present invention provides such

a method and system.

SUMMARY OF THE INVENTION

The present invention provides a method and system

of adaptive channel allocation (ACA) in an orthogonal

frequency division multiplexed (OFDM) system. The method

and system provides an allocation of subcarriers to each

link of the OFDM system that lessens co—channel

interference between cells of the system.

The present invention also overcomes the difficulties

and shortcomings presented with implementing conventional

ACA methods and systems designed for use in a non—OFDM

system into an OFDM system. Conventional ACA methods are

designed to adaptively allocate RF channels to systems

where one channel is used per link. As applied to an OFDM

system, these conventional ACA methods would require that

all OFDM subcarriers assigned to users to be adaptively

allocated. Adaptively allocating all OFDM subcarriers in

an OFDM system would require an overly large amount of

measurement and signaling resources to transfer channel

measurement information and the assignment information

between receivers and transmitters of the system. By

selectively choosing the subcarriers to be adaptively

allocated, and setting criteria for allocation

determination, the system and method of the present

invention minimizes the use of measurement and signaling

resources while still providing effective ACA.



Page 794 of 1037

wo 97/01255 PCT/SE96/00814

-8-

In a first aspect of the invention, an initial subset

of M subcarriers is chosen from a larger group of N

subcarriers that are available for communications on each

separate link of the OFDM system. The number M depends

on the data rate of the particular link and may vary

between the links of the system. The subset of M

subcarriers is then used to carry communications on the

link. As communications take place, the signal quality

level (C/I) of the subcarriers within the subset of M

subcarriers, and the interference level (I) of all N

available subcarriers is periodically measured. These C/I

and I measurement results are reported to the system.

During communications on the link the system determines

from the C/I and I measurements if a more preferred unused

subcarrier which would give better signal reception on the

link than a subcarrier of the set of M is available in the

cell within which the link exists. If it is determined

that a more preferred unused subcarrier exists, the system

reconfigures the subset of M subcarriers to include the

unused.subcarrier_

In a second aspect of the invention, a mobile station

as link receiver transmits only a limited set of

measurement results‘ to the system at certain select

reporting intervals rather than all measurement results.

The transmitted limited set of measurement results

comprises a select number of the lowest C/I measurement

results and a select number of the lowest I measurement

results. The transmission of the limited set of results

reduces the use of uplink system signaling resources.

In an. alternative embodiment of the invention. a

mobile station as link receiver periodically measures the

signal quality level (C/I) of the subcarriers within the

subset of M subcarriers, and the interference level (I)

of all N available subcarriers. The mobile station then

determines candidate replacement subcarriers for the link

based on the C/I and I measurements, and transmits a

subcarrier request message to the system requesting that
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the candidate subcarrier be assigned to replace a

subcarrier of the link. The systenx responds to the

subcarrier request message with a subcarrier accepted or

subcarrier rejected message. If a subcarrier accepted

message is received, the mobile station reconfigures the

subset of M subcarriers to contain the candidate

replacement subcarrier. If the subcarrier is rejected,

the mobile station transmits a subcarrier request message

requesting a new candidate subcarrier.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 illustrates a cellular telecommunications

network within which the present invention may be

implemented;

FIG. 2A illustrates the allocation of subcarriers in

accordance with the present invention in an orthogonal

frequency division multiplexed system;

FIG. 3A is a block diagram of a system according to

an embodiment of the present invention;

FIGS. 3B and 3C are block diagrams of a link

transmitter and link receiver, respectively, according to

an embodiment of the present invention;

FIGS. 4A and 4B are flow diagrams of process steps

according to an embodiment of the present invention

performed by a link receiver;

FIG. 5 is a flow diagram of process steps according

to an embodiment of the present invention performed within

a cellular telecommunications network;

FIGS. 6A and 6B are flow diagrams of process steps

according to an alternative embodiment of the present

invention performed by a link receiver; and

FIG. 7 is a flow diagram of process steps according

to an alternative embodiment of the present invention

performed within a cellular telecommunications system.

DETAILED DESCRIPTION OF THE INVENTION
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Referring to FIG. 1, there is illustrated a frequency

division multiplexed (FDM) cellular telecommunications

system of the type to which the present invention

generally pertains. In FIG. 1, an arbitrary geographic

area may be divided into a plurality of contiguous radio

coverage areas, or cells Cl—Cl0. While the system of FIG.

1 is illustratively shown to include only 10 cells, it

should be clearly understood that in practice, the number

of cells will be much larger.

Associated with and located within each of the cells

Cl-C10 is a base station designated as a corresponding one

of a plurality of base stations Bl—B10. Each of the base

stations B1—BlO includes a transmitter, a receiver, and

a base station controller as are well known in the art.

In FIG. 1, the base stations Bl-B10 are illustratively

located at the center of each of the cells Cl-C10,

respectively, and are equipped with omni—directional

antennas. However, in other configurations of the

cellular radio system, the base stations B1—B1O may be

located near the periphery, or otherwise away from the

center of the cells C1—C10 and may illuminate the cells

Cl—ClO with radio signals either omni—directionally or

directionally. Therefore, the representation of the

cellular radio systenx of FIG. 1 is for purposes of

illustration only and is not intended as a limitation on

the possible implementations of the cellular

telecommunications system within which the present

invention is implemented.

With continuing reference to FIG. 1, a plurality of

mobile stations M1—M1O may be found within the cells C1-

ClO. Again, only 10 mobile stations are shown in FIG. 1

but it should be understood that the actual number of

mobile stations will be much larger in practice and will

invariably greatly exceed the number of base stations.

Moreover, while none of the mobile stations M1—M1O may be

found in some of the cells C1-C10, the presence or absence

of the mobile stations Ml-M10 in any particular one of the
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cells Cl—Cl0 should be understood to depend in practice

on the individual desires of the users of mobile stations

Ml-M10 who may roam from one location in the cell to

another or from one cell to an adjacent cell or

neighboring cell, and even from one cellular radio system

served by a particular MSC to another such system.

Each of the mobile stations Ml-M10 is capable of

initiating or receiving a telephone call through one or
more of the base stations Bl-B10 and a mobile station

switching center MSC. A mobile station switching center

MSC is connected by communication links, e.g., cables, to

each of the illustrative base stations Bl-B10 and to the

fixed public switched telephone network PSTN, not shown,

or a similar fixed network which may include an integrated

system digital network (ISDN) facility. The relevant

connections between the mobile station switching center

MSC and the base stations B1¢BlO, or between the mobile

station switching center MSC and the PSTN or ISDN, are not

completely shown in FIG. 1 but are well known to those of

ordinary skill in the art. Similarly, it is also known

to include more than one mobile station switching center

in a cellular radio system and to connect each additional

mobile station switching center to a different group of

base stations and to other mobile station switching center

via cable or radio links.

Each MSC may control in a system the administration

of communication between each of the base stations Bl—BlO

and the mobile stations M1-M10 in communication with it.

As a mobile station roams about the system, the mobile

station registers its location with the system through the
base station that controls the area in which the mobile

station is located. When the mobile station

telecommunications system receives a call addressed to a

particular mobile station, a paging message addressed to

that mobile station is broadcast on control channels of

the base stations which control the area in which the

mobile station is believed to be located. Upon receiving
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the paging message addressed to it, the mobile station

scans system access channels and sends a page response to

the base station from which it received the strongest

access channel signal. The process is then initiated to

create the call connection. The MSC controls the paging

of a mobile station believed to be in the geographic area

served by its base stations B1—B10 in response to the

receipt of a call for that mobile station, the assignment

of radio channels to a mobile station by a base station

upon receipt of a page response from the mobile station,

as well as the handoff communications with a mobile

station from one base station to another in response to

the mobile station traveling through the system, from cell

to cell, while communication is in progress.

Each of the cells Cl—C1O is allocated a plurality of

FDM subcarrier frequencies and at least one dedicated

control channel. The control channel is used to control

or supervise the operation of mobile stations by means of

information transmitted to and received from those units.

Such information may include incoming call signals,

outgoing call signals, page signals, page response

signals, location registration signals and voice and

traffic subcarrier assignments.

The present invention involves implementation of a

method and system of adaptive channel allocation (ACA)

into an FDM cellular system as shown in FIG. 1. In an

exemplary embodiment of the invention, ACA is implemented

into an OFDM system operating with a total system

bandwidth of 5MHz and a subcarrier spacing of 5KHz. The

total number of subcarriers available for this system is

approximately 5MHZ/5KHZ = 1000. The subcarriers are

modulated onto a system RF carrier with a frequency of

2GHz for transmission over the system RF channel and the

frequency spectra of the transmitted signal is centered

around the RF carrier. All subcarriers are available for

use in each cell but a subcarrier may not be used

simultaneously on more than one link in a cell. Frequency
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division duplex (FDD) is used for separation of the uplink

and downlink subcarriers frequencies. The system includes

a dedicated control channel (DCCH) that is both an uplink

and downlink channel for transmitting control information

for handovers, long term channel allocation information,

long term power control information and measurement

messages and measurement results. The system also

includes a physical control channel (PCCH) that is both

an uplink and downlink channel for transmitting short term

channel allocation information, short term power control

information, measurement messages and measurement results.

In the ACA of the invention, for each up/down link

between a mobile station and base station, the system

chooses a subset of a number (M) of subcarriers from a set

of a number (N) of subcarriers. The set of N subcarriers

is the set of subcarriers available within the system for

each link, where N>M. The set of N subcarriers does not

change during a communication. The set of N subcarriers

may include all subcarriers of the system. Alternatively,

the set of N subcarriers may be a set less in number than

the total number of subcarriers available but greater in

number than the number of carriers in the subset of M

subcarriers.

Referring now to FIG. 2 therein is illustrated the

allocation of subcarriers in accordance with the present

invention in an OFDM system. Base station 200

communicates with mobile station 202 over downlink 206 and

uplink 208. Base station 200 also communicates with

mobile station 204 over downlink 210 and uplink 212.

Transmissions on links 206, 208, 210 and 212 are made over

the system RF channel. Voice and data to be transmitted

on each link are modulated onto a number (M) subcarriers.

The M subcarriers are then modulated onto the system RF

carrier for transmission over the system RF channel. Each

link 206, 208, 210 and 212, within the cell uses a

separate subset of M subcarriers. The subcarriers can

only be used once within a cell.
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Referring now to FIG. 3A, therein is shown a block

diagram of a system according to the present invention.

The system consists of a link transmitter 300, link

receiver 330, ACA processing portion 360 and RF channel

380. The receiver 330 and transmitter 300 of a particular

link are located at opposite ends of the link. In the

downlink the receiver 330 is located in the mobile station

and the transmitter 300 is located in the base station.

In the uplink the receiver 330 is located in the base

station and the transmitter 300 is located in the mobile

station. RF channel has a set of N available subcarriers.

The link receiver 330 and link transmitter communicate

over RF channel 380 using a subset of M of the available
subcarriers.

Referring now to FIGS. 3B and FIG. 3C, therein are

shown functional block diagrams of transmitter 300 and

receiver 330, respectively, of FIG. 3A. The functional

features that are shown in FIG. 3B and FIG. 3C are common

to both the base and mobile station receivers and

transmitters.

Transmitter 300 includes a serial to parallel

converter 302, mapping circuitry (MAP) 304, inverse fast

fourier transform (IFFT) circuitry 306, a frequency

multiplexer (Mux) 308, and modulator 310. In transmitter

operation, serial to parallel converter 302 converts a

serial digital data stream 312 into blocks of M symbols

314 where M is determined by the symbol size and data rate

of the system. The M symbols are then input to the MAP

circuitry 304, where each of the M symbols is mapped onto

a subcarrier input of the IFFT circuitry 306. An inverse

fast fourier transform (IFFT) is then performed on the

blocks of data input to the IFFT circuitry 306. The

signals 318 generated at the N outputs of the IFFT

circuitry 306 are then multiplexed in Mux 308 to create

a signal 320 containing M multiplexed subcarriers, each

of which carries the data contained in one symbol of the

M symbols 314. The signal 320 is then modulated onto the
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system RF carrier 324 at modulator 310 and transmitted as

an OFDM signal over the system RF channel 322.

Receiver 330 includes demodulator 332, frequency

demultiplexer (DEMUX) 334, fast fourier transform (FFT)

circuitry 336, de—mapping circuitry (DEMAP) 338, a

parallel to serial converter 340, interference measuring

means 344, signal quality measurement means 342 and

processor 346. In receiver operation, the system RF

carrier is received on the system RF channel 322 and then

demodulated at demodulator 332, and demultiplexed at DEMUX

334 to obtain N samples 348 of the signal containing, the

M multiplexed subcarriers. A fast fourier'transform (FFT)

is then performed by FFT circuitry 336 with the N samples

348 as inputs to generate data signals 350 containing any

modulating data that was transmitted on each subcarrier.

The N subcarriers demodulated and subjected to the FFT are

determined. by parameters input to DEMUX 334 and FFT

circuitry 336 from processor 346. Interference measurement

means 344 measures the interference (I) level on each of

the data signals 350 recovered from each of the N samples

348. The N received data signals 350 are then input to

the de-mapping block 338 where the M data signals 352

received on the M subcarrier frequencies currently

assigned to link communications are de—mapped from the N

data signals 350. The de-maping is done according to

parameters input to DEMAP block 338 from processor 346.

The M de—mapped data signals 352 are then input to the

parallel to serial converter 340 and converted into serial

received data 354. Signal quality (C/I) is measured at

the output of the de-mapping block 338 for each of the M

de-mapped data signals 352 received on the M subcarrier

frequencies currently assigned to the link on which

receiver 330 is receiving.

The adaptive channel allocation for each link is

implemented by ACA processing portion 360 of FIG. 3A which

operates on results of measurements performed in the link

receiver. In the embodiment shown, processor 346 receives
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interference measurements from interference measurement

means 344 and signal quality measurement results from

signal quality measurement means 342. The processor 346

operates on the measurement results to generate data for

input to ACA processing portion 360 of the system. The

data generated by processor 346 will then be transferred

to ACA processing portion 360 over interface 362. In the

embodiment shown, ACA processing portion 360 is located

within. the MSC. ACA processing portion 360 may be

alternatively located within the base stations of the

system. It is also conceivable the functions performed

by the ACA processing portion be distributed among the

mobile station, base station and MSC. Methods of

configuring memories to store the necessary data, and

methods of configuring microprocessors and software to

perform these types of functions are well known to those

skilled in the art.

when a mobile station functions as link receiver, the

processor 346 transfers the ACA data to the mobile station

transmitter for transmission to the system over interface

362 which comprises the uplink on the appropriate control

channel. In a base station as link receiver, the processor

346 transfers the ACA data to the MSC over interface 362

which comprises landline or other connections. ACA

processing portion 360 operates on the data and then

returns appropriate subcarrier assignment commands to link

receiver 330 over interface 364 which comprises landline

or other connections when the base station is the link

receiver, or the down link on the appropriate control

channel when the mobile station is the link receiver.

Processor 346 of link receiver 330 receives the commands

and then generates the correct input parameters for the

receiver so that the correct subcarriers for the link are

received. ACA processing portion 360 also sends commands

to MAP circuitry 304 associated with link transmitter 300

over interface 366. MAP circuitry 304 then maps the M

symbols to the appropriate outputs of MAP circuitry 304
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so that the correct subset of M subcarriers is transmitted

on.

The necessary data transfer between the mobile

stations, base stations and MSCs of the system may be

accomplished by known methods. In the described

embodiment the DCCH and PCCH channels may be used on both

the uplink and downlink to transfer measurement results

or subcarrier assignment messages between a mobile station

and the system. The use of control channels to carry such

information is known to those skilled in the art.

Referring now to FIG. 4A, therein is shown a flow

diagram. illustrating the steps performed. by the link

receiver 330 during the ACA process. The steps performed

by a mobile station receiving on a downlink and the steps

performed by a base station receiving on an uplink are

essentially identical and FIG. 4A can be used to describe

the steps performed by the link receiver 330 in both

cases. The differences between the process steps

performed in the mobile station and base station involve

step 428 of FIG. 4A. FIG. 4B is a flow diagram that

illustrates additional steps performed by the mobile

station during step 428 of the ACA measurement process.

These extra steps will be described with reference to FIG.

4B as the process of FIG. 4A is described.

The ACA process begins when it is necessary for the

system to create a communications link between a mobile

station base station pair on either the uplink or the

downlink. Referring again to FIG. 4A, at step 402 the

link receiver receives from the system a measurement order

message to measure interference (I) on each of a group of

N subcarriers available for the link. The N subcarriers

may be all subcarriers available within the system or a

smaller group of subcarriers chosen from all subcarriers

available within the system. Next, at step 404 the I

measurements are performed. Then, from step 404 the

process moves to step 406 where the I measurement results

are sent to the system. When a mobile station is the link
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receiver, the I measurement results are transmitted over

the DCCH or PCCH channel to the base station and then

transferred to the MSC. When a base station is the link

receiver, the I measurement results are transferred to the

MSC via the appropriate overland means. After

transmitting the I measurement results the process moves

to step 408 where the link receiver waits for a response

from the system. The process steps that take place when

the link receiver is in the wait state at step 408 will

now be described with reference to FIG. 5.

Referring now to FIG. 5, therein are shown. the

process steps performed within the ACA processing portion

of system during the ACA process. At step 502 the results

of the I measurement performed on the N subcarriers at the

link receiver are received by the ACA processor. Next,

at step 504 the ACA processor determines the M least

interfered unused subcarriers from the results of the I

measurements made on the N subcarriers. From step 504 the

process then moves to step 506 where a subcarrier

assignment message assigning the subset of the least

interfered M subcarriers to the link is sent to both the

link receiver and the link transmitter. The ACA processor

now moves to step 508 and waits for further input from the

link receiver. The process flow now returns to step 408

FIG. 4A. Alternative methods of determining the M

subcarriers for the subcarrier assignment message may be

used in place of step 506. For example, the subcarriers

could be assigned on the basis of how their use effects

transmissions in neighboring cells. If one of the least

interfered M subcarriers was used in a neighbor cell, the

subcarrier would not be used. In this case the M

subcarriers may not be the least interfered M subcarriers.

Referring again to FIG. 4A, the link receiver which

has been in the wait state at 408 now moves to step 410

and receives the channel assignment message assigning the

subset of M subcarriers to the link. Next, the process

moves to step 412 as the link receiver begins receiving
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on the link using the assigned subset of M subcarriers.

From step 412 the process now moves to step 414 and waits

for further input. At step 416 an input is received. The

link receiver may receive three types of inputs while

receiving using the assigned subset of M subcarriers. At

decision step 418 the link receiver determines if a call

end signal has been received. If a call end signal has

been received the process ends. The call end signal may

have been transmitted by the system to the link receiver

or initiated at the link receiver itself. A call end

signal indicates to the process that communications on the

link have terminated. If a call end has not been

received, the process moves to step 420 and the link

receiver determines whether a measurement timer message
has been received. The measurement timer is contained in

the processor associated with the link receiver. The

measurement timer generates a neasurement message at

periodic intervals informing the link receiver to make

measurements. Each measurement timer signal defines a

measurement interval. If a measurement timer message has

been received the process moves to step 424. At step 424
the link receiver measures I on the set of N subcarriers.

The I measurements may be averaged with the results of a

certain number of previous I measurements for each

subcarrier to obtain accuracy. The first time through

step 424 the measurements are averaged with the results

obtained in step 404. On subsequent passes through step

424 the measurement results are averaged with the last n

previous measurements, where n is a value allowing an

accurate following of a subcarrier's interference level

within the system. From step 424 the process moves to step

426 and the link receiver measures C/I on each of the

subset of M carriers. The C/I measurements are also

averaged with the last n previous C/I measurements. Then,

at step 428 the link receiver sends the I and C/I

measurement results to the ACA processing portion of the

system. Depending on whether the link receiver is the
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base station or mobile station, step 428 may be performed

in differing ways. If the link receiver is a base station

the averaged measurement results may be sent directly to

the ACA processor. If the link receiver is a mobile

station in a downlink the substeps shown in FIG. 4B may

be used to reduce signaling traffic as the results are

transmitted to the system over the uplink via the base
station.

Referring now to FIG. 4B, therein is shown a flow

diagram illustrating process substeps performed by a

mobile station performing step 428 of FIG. 4A. Signaling

traffic on the uplink is reduced by transmitting differing

sets of measurement results to the system over differing

time intervals. Over long reporting intervals all I

measurement and C/I measurement results are transmitted

to the system. Over shorter reporting intervals a reduced

set of each of the I measurement and C/I measurement

results are transmitted. The long and short intervals may

be defined so that a long interval occurs every nth short

interval or every nth measurement period, where n is a

number such as, for example, 25. At step 428a the mobile

station determines whether the measurement period involves

a short time interval for reporting measurement results.

If it is determined that the measurement period involves

a short time interval for reporting measurement results

the process moves to step 428b, where the mobile station

transmits the C/I measurements for the Y worst quality

subcarriers of the subset of M subcarriers, where Y<M, and

the I measurements for the Z least interfered of the N

subcarriers to the system, where Z<N. The values of Y and

Z are chosen to allow adequate information for effective

ACA while minimizing signaling traffic. Y may be set to

1 and Z may be set to a number calculated to contain on

average the I measurement results of at least one

subcarrier not used within the same cell. The process then

moves to step 414 where the mobile station waits for

further input. However, if, at step 428a, it is
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determined that the measurement period does not involve

a short time interval for reporting measurement results

the process moves to step 42Bc. At step 428c the mobile

station transmits the C/I measurements for the whole

subset of M subcarriers and the I measurements for all N

subcarriers to the system. The process then moves to step

414 where the mobile station waits for further input. The

process flow now moves to FIG. 5 as the ACA processor

receives the measurement results from the link receiver.

Referring again to FIG. 5, the ACA processor which

has been in the wait state at step 508, receives an input

from the link receiver at step 510. The ACA processor may

receive measurement results or a call end signal at step

510. When an input is received the process moves to step

512 where it is determined what type of input was

received. If a call end signal is received the process

ends. In this example the received message is measurement

results so the process moves to step 514. At step 514 the

ACA processor determines the subcarrier of the subset of

M used subcarriers with the lowest C/I measurement value.

Next, at step 516 it is determined if the C/I of the

lowest C/I measurement value of the subset of M

subcarriers is below the ACA C/I trigger threshold. If,

at step 516, it is determined that the lowest C/I

measurement value is not below the ACA C/I trigger

threshold the process flow will return to step 508 where

the ACA. processor will wait for further input. If,

however, at step 516 it is determined that the lowest C/I

measurement value is below the ACA C/I trigger threshold

the process flow will instead move to step 518. At step

518 the ACA processor determines whether an unused

subcarrier of the set of N subcarriers exists which has

an I measurement value less than the I measurement value

of the subcarrier of the subset of M with the lowest C/I

measurement value. If at step 518 it is determined that

no unused subcarrier exists with a lower I measurement

value, the process flow will return to step 508 where the
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ACA processor will wait for further input. If, however,

at step 518 an unused subcarrier exists with a lower I

measurement value, a more preferred subcarrier exists and,

the process moves to step 520. At step 520 the ACA

processor inserts the least interfered unused subcarrier

into the subset of M subcarriers and removes the

subcarrier of the subset of M with the lowest C/I

measurement value from the subset. To avoid hysterisis

effects the change of subcarriers may be performed after

calculating a C/I for the least interfered unused

subcarrier during’ step 518 and determining that the

calculated C/I is a minimum amount above the C/I of the

subcarrier to be removed. If the C/I for the least

interfered unused subcarrier is not a minimum amount above

the C/I of the subcarrier to be removed the unused

subcarrier can be considered not acceptable as a

replacement. From step 520 the process moves to step 522

where the system sends a reconfigure subset message to the

link receiver instructing the link receiver to reconfigure

the subset of M subcarriers assigned to the link to

conform to the changes made by the processor. Then the

ACA processor moves to step S08 and waits for further

input from the link receiver. The procedure given by

steps 514-520 could alternately be performed by

determining a plurality of less interfered unused

subcariers and exchanging these with a plurality of used

subcarriers having an interference level below the C/I

threshold. The subset could also be reconfigured

according to other criteria. For example, the subset of

M could be reconfigured on the basis of the effect of

using the subset, in the cell of the link, on

communications occurring in neighbor cells. If some of

the M subscarriers used in the cell were also used in

neighbor cells, these could be replaced with subcarriers

unused in the cell and also not used in neighbor cells.

Reconfiguration could take place even if the used

subcarriers were not below a C/I threshold or even if the
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unused subcarrier had an interference level greater than

the replaced subcarriers.

The process continues as long as a call is ongoing

and communications on the link continue. The link

receiver will next move from the wait state at step 408

upon receiving an input and the process steps shown in

FIGS. 4A, 4B and 5 will be repeated until the call ends

and a call end signal is received by the link transmitter,

link receiver and ACA processing portion of the system.

In an alternative embodiment of the invention, a

mobile station as link receiver transmits request messages

requesting a certain subset of M subcarriers, or

requesting replacements for the M subcarriers, to be used

on the link. Signal measurement results need not be

transmitted from the mobile station to the system. The

system in turn transmits subset accepted or subcarrier

accepted messages to the mobile station. The downlink ACA

processing mainly takes place in the processor 346 of the

receiver in the mobile station. In this alternative

embodiment steps 504, 514, 516, 518 and 520 shown in FIG.

5, which are performed by the system in the first

embodiment, would be performed by processor 346 in the

mobile station. The base station ACA process flow for

uplink measurements remains as illustrated in FIGS. 4A,

4B and 5.

Referring now to FIG. 6A, therein is shown a flow

diagranx illustrating the steps performed by" a mobile

station as the link receiver during the ACA process of the

alternative embodiment of the invention. The ACA process

begins when the mobile station receives a measurement

order message at Step 602. Next, at Step 604 the

interference (I) on each of the group of N subcarriers

available for the link is measured at the mobile station.

Next, the process moves to Step 606 where the M least

interfered subcarriers are determined. From Step 606 the

process moves to Step 608 and a subset request message is

sent to the system by the mobile station. The subset
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request message indicates to the system that the mobile

station requests the use of each subcarrier in the

requested subset. The process now moves to Step 610 and

the mobile station waits for an answer from the system.

The process steps that take place when the process is in

the wait state at Step 610 will now be described with

reference to FIG. 7.

Referring now to FIG. 7, therein are shown process

steps performed within the ACA processing portion of the

system according to the alternative embodiment of the

invention when the mobile station is involved in the ACA

process. At Step 702 the ACA processing portion receives

the subset request message. Next, at Step 704 the system

determines if the mobile is allowed to use all of the M

subcarriers in the requested subset. Certain subcarriers

may not be available for use in the cell, for example, if

they are being used by another mobile station or, if they

have been reserved within the system for special uses.

The availability of the M subcarrier may also be

determined as to how their use effects transmissions in

neighboring cells. The ACA is designed to allow

flexibility to the system operators in making these
decisions. If it is determined that the mobile station

is allowed to use all M subcarriers in the requested

subset, the system will transmit a subset accepted message

to the link receiver. If however, at Step 704, it is

determined that subcarriers of the suggested subset cannot

be used by the mobile station, the process moves to Step

720 and the system transmits a subcarrier rejected message

rejecting the unavailable subcarriers as part of the

subset of M subcarriers. The process flow now moves to

Step 722 as the process waits for a reply from the mobile

station.

Referring now to FIG. 6A, at Step 612 the mobile

station receives a subset accepted message or subcarrier

rejection message transmitted from the system. If a

subset acceptance message is received, the process moves
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to Step 620 where the link receiver begins receiving using

the assigned subset. If however, at Step 614, it is

determined that a subcarrier rejected message(s) has been

received, the process moves to Step 616. At Step 616, the

link receiver determines the next candidate(s) to replace

the rejected requested subcarrier(s). These candidates

would be the next least interfered subcarriers of the set

of N available subcarriers that are not in the suggested
set of M.

From Step 616 the process then moves to Step 618

where a subcarrier request message requesting the next

candidate subcarrier(s) is transmitted to the system. The

process then moves to Step 610 as the link receiver waits

for an answer. The process will continue through the

loops formed by the Steps 610, 612, 614, 616, 618, and,

706 and 708, until the complete subset of M subcarriers

is accepted. Then the process moves to Step 620 where the

mobile station begins receiving on the link using the

accepted subset. The process now moves to the wait state

of Step 622. When in the wait state of Step 622 the

process may receive either a call end or measurement timer

message. The call end and measurement timer messages are

equivalent to the call end and measurement messages

described above for the previous embodiment of the

invention. The link receiver receives the call end or

measurement timer message at Step 624 and moves to Step

626 where it is determined if a call end was received.

If a call end is received the process ends. If, however,

a measurement timer message was received, the process

moves to Step 628. At Step 628 the mobile station

measures I on all N available subcarriers and averages the

results for each subcarrier. Next, at Step 630, the link

receiver measures C/I on the subset of M subcarriers and

averages the results for each subcarrier. The process now

moves to Step 632 of FIG. 6B.

At Step 632 the link receiver determines the

subcarrier of the subset of M with the lowest C/I. Next,
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at Step 634 it is determined if the lowest C/I is below

a threshold. If it is not below the threshold, the

process returns to Step 622 where the link receiver waits

for another call end or measurement timer message. If,

however, it is determined that the lowest C/I is below the

threshold C/I, the process moves to Step 636. At Step 636

it is determined if a less interfered subcarrier of the

set of N not in the subset of M exists. If a less

interfered subcarrier does not exist the process returns

to Step 622. If, however, a less interfered subcarrier

does exist, a more preferred subcarrier exists and the

process moves to Step 638. At Step 638 the mobile station

transmits a subcarrier request message to the system

requesting the least interfered subcarrier not in the

subset of M subcarriers as a replacement for the

subcarrier with the lowest C/I. The process within the

mobile station now moves to the wait state of Step 640 and

the process flow moves to Step 708 of FIG. 7. The ACA

processing portion of the system receives the requested

subcarrier message at Step 710. The procedure outline in

steps 632-638 could alternately be performed by

determining ea plurality’ of used subcarriers with the

lowest C/Is of the subset and then determing a plurality

of less interfered unused subcarriers as requested

replacements. After receiving the subcarrier requested

message it is determined, at step 716, if the requested

subcarrier is used within the cell on a link with another

mobile station. If the requested subcarrier is used

within the cell the system moves to Step 718 and transmits

a requested subcarrier rejected message to the mobile

station and the process returns to Step 708. If, however,

the suggested replacement is unused within the cell, the

system transmits a requested subcarrier accepted message

to the mobile station and the process returns to Step 708.

As an alternative to determining if the requested

subcarrier is used with the cell, other criteria may also

be used to determine availability. For example, if the
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requested subcarrier is used in a neighbor cell the system

could reject the subcarrier request. The process then

moves from the wait state of Step 640 to Step 642 as the

mobile station receives the acceptance or rejection

message. Next, at Step 644, it is determined if the

requested subcarrier was accepted. If the requested

subcarrier was accepted the process moves to Step 646 and

the mobile station reconfigures the subset of M

subcarriers on which the mobile station is receiving to

include the requested subcarrier and deletes the

subcarrier with the lowest C/I. Then, the process moves

to the wait state of Step 622. If, however, the requested

subcarrier is not accepted the process moves to Step 648.

At Step 648 the mobile. station determines if a new

candidate subcarrier less interfered than the subcarrier

of M subcarriers with the lowest C/I, that has not been

already rejected as a requested subcarrier within this

measurement interval, exists. If a new candidate

subcarrier does not exist the process moves back to the

wait state of Step 622. If, however, a new candidate

subcarrier does exist, the process moves to Step 638 where

the mobile station transmits a subcarrier request message

to the system. The message requests the new candidate

subcarrier found at Step 648 as the new replacement

subcarrier. The process then moves to Step 640 and waits

for an answer from the system. The process will continue

through the loops formed by Steps 642, 644, 648, 650, and,

638 and 710, 712, 714, and 716 or 718, until a requested

subcarrier is accepted or no new candidate exist. The

process then moves to the wait state of Step 622. The ACA

process will continue throughout the call and be invoked

each time a measurement timer message is received. When

the call ends, the process will end through Steps 624 and
626.

As can be seen from the above description, the

invention provides a method and system of adaptive channel

allocation for an OFDM system. Use of the invention will
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enhance the performance of OFDM systems into which it is

implemented. The adaptive channel allocation is designed

to minimize the signaling resources necessary to carry

measurement results on the systenx uplinks will still

provide the benefits of adaptive channel allocation. The

result is a system with better spectral efficiency, less

dropped calls and better quality communications for each
link.

It is believed that the operation and construction

of the present invention will be apparent from the

foregoing description and, while the invention shown and

described herein has been characterized as particular

embodiments, changes and modifications may be made therein

without departing from the spirit and scope of the

invention as defined in the following claims.
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WHAT IS CLAIMED IS :

1. In a telecommunications system in which

communications from a link transmitter to a link receiver

are transmitted over a subset of a set of a plurality of

subcarriers available to a link, a method of allocating

subcarriers for communications on a link, said method

comprising the steps of:

allocating a plurality of subcarriers from said

set to provide said subset;

measuring a received signal on each subcarrier

of said set;

determining if at least one unused subcarrier

exists in said set that is more preferred for use on

said link than a subcarrier of said subset; and

reconfiguring said subset in response to an
affirmative determination.

2. The method of claim 1 in which said step of

allocating comprises the steps of:

measuring an interference level (I) on each

subcarrier of said set; and

determining said subset, said subset comprising

a plurality of least interfered unused subcarriers
of said set.

3. The method of claim 2 in which said step of

measuring an interference level (I) further comprises the

step of:

transmitting a plurality of results of said

interference level (I) measurements from said link

receiver to said system, wherein the number of said

plurality of results transmitted is less than the

number of subcarriers in said set.

4. The method of claim 1 in which said step of

measuring comprises the steps of:
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measuring the interference level (I) on each

subcarrier of said set.

5. The method of claim 1 in which said step of

measuring comprises the steps of:

measuring the signal quality (C/I) on each
subcarrier of said subset.

6. The method of claim 1 in which said step of

measuring comprises the steps of:

measuring the interference level (I) on each

subcarrier of said set; and

measuring the signal quality level (C/I) on

each subcarrier of said subset; and,

said step of determining comprises the steps
Of:

determining a subcarrier of said subset

with a lowest signal quality level (C/I); and

determining if an unused subcarrier of

said set exists that has an interference level

(I) lower than the interference level (I) of

said subcarrier of said subset with said lowest

signal quality level (C/I).

7. The method of claim 6 in which said step of

reconfiguring comprises the steps of:

removing said subcarrier with said lowest

signal quality (C/I) from said subset in response to

an affirmative determination; and

inserting said unused subcarrier into said

subset.

8. The method of claim 6 in which said step of

measuring the interference level (I) further comprises the

steps of:

transmitting a plurality of results of said

interference level (I) measurements from said link
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receiver to said system, wherein the number of said

results transmitted is less than the number of

subcarriers in said set; and,

said step of measuring the signal quality (C/I)

further comprises the steps of:

transmitting’ a plurality of results of

said signal quality (C/I) measurements from

said link receiver to said system, wherein the
number of said results transmitted is less than

the number of subcarriers in said subset.

9. The method of claim 1 in which said step of

allocating comprises the steps of:

measuring an interference level (I) on each

subcarrier of said set;

determining a candidate subset, said candidate

subset comprising a plurality of least interfered

subcarriers of said set;

transmitting a subset request message from said

link receiver to said system;

receiving an answer message from said system at

said link receiver; and

determining whether said candidate subset is

accepted for said link from said answer message.

10. The method of claim 9 in which said step of

receiving an answer message comprises receiving a subset

accepted message.

11. The method of claim 9 in which said step of

receiving an answer message comprises receiving one or

more subcarrier rejected messages, and said step of

determining whether said candidate subset is accepted

further comprises the steps of:

determining one or more next candidate

subcarriers for said subset;
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transmitting one or more subcarrier requested

messages from said link receiver to said system; and

repeating said steps of determining one or more

next candidate subcarriers and transmitting one or

more subcarrier requested messages to said system

until a complete subset is accepted.

12. The method of Claim 1 in which said step of

determining if an unused subcarrier exists comprises the

steps of:

determining if a candidate subcarrier of said

set exists that is more preferred for use on said

link than a subcarrier of said subset;

transmitting a subcarrier request message from

said link receiver to said system;

receiving an answer from said system at said

link receiver;

determining from said answer if said candidate

subcarrier is unused; and

repeating, in response to a negative

determination, the steps of determining if a

subcarrier of said set exists that is more

preferred, transmitting a subcarrier request,

receiving an answer, and determining from said

answer, each time with a different candidate

subcarrier, until said step of determining from said

answer results in an affirmative determination.

13. The method of claim 12 in which said step of

measuring a received signal on each subcarrier of said

subset comprises the steps of:

measuring the interference level (I) on each

subcarrier of said set; and

measuring the signal quality level (C/I) on

each subcarrier of said subset; and

said step of determining if a candidate

subcarrier exists in said set that is more preferred
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for use on said link than. a subcarrier of said

subset comprises the steps of:

determining a subcarrier of said subset

with a lowest signal quality level (C/I); and

determining a candidate subcarrier of said

set that has an interference level (I) lower

than the interference level (I) of said

subcarrier of said subset with said lowest

signal quality level (C/I).

14. In a telecommunications network in which

communications from a link transmitter to a link receiver

are transmitted over a subset of a set of a plurality of

subscribers available to a link, a system for allocating

subcarriers for communications on a link, said system

comprising:

means for allocating a plurality of subcarriers

from said set to provide said subset;

means for measuring a received signal on each

subcarrier of said subset;

means for determining if at least one unused

subcarrier exists in said set that is more preferred

for use on said link than a subcarrier‘ of said

subset; and

means for reconfiguring said subset in response

to an affirmative determination.

15. The system of claim 14 in which said means for

allocating comprises:

means for measuring an interference level (I)

on each subcarrier of said set; and

means for determining a subset, said subset

comprising a plurality of least interfered
subcarriers of said set.

16. The system of claim 15 in which said means for

measuring an interference level (I) further comprises:
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means for transmitting a plurality of results

of said interference level (I) measurements from

said link receiver to said system, wherein the

number of said plurality of results transmitted is

less than the number of subcarriers in said set.

17. The system of claim 14 in which said means for

measuring comprises:

means for measuring the interference level (I)

on each of subcarriers of said set.

18. The system of claim 14 in which said means for

measuring comprises:

means for measuring the signal quality (C/I) on
each subcarriers of said subset.

19. The system of claim 14 in which said means for

measuring comprises:

means for measuring the interference level (I)

on each subcarrier of said set; and

means for measuring the signal quality level

(C/I) on each subcarrier of said subset; and,

said means for determining comprises:

means for determining a subcarrier of said

subset with a lowest signal quality level

(C/I); and

means for determining if an unused

subcarrier of said set exists that has an

interference level (I) lower than the

interference level (I) of said subcarrier of

said subset with said lowest signal quality

level (C/I).

20. The system of claim 19 in which said means for

reconfiguring comprises:
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means for removing said subcarrier with said

lowest signal quality (C/I) from said subset in

response to an affirmative determination; and

means for inserting said unused subcarrier into

said subset.

21. The system of claim 19 in which said means for

measuring the interference level (I) further comprises:

means for transmitting a plurality of results

of said interference level (I) neasurements from

said link receiver to said system, wherein the

number of said results transmitted is less than the

number of subcarriers in said set; and,

said means for measuring the signal quality

(C/I) further comprises:

means for transmitting a plurality of

results of said signal quality (C/I)
measurements from said link receiver to said

system, wherein the number of said results

transmitted is less than the number of

subcarriers in said subset.

22. The method of claim 14 in which said means for

allocating comprises:

means for measuring an interference level (I)

on each subcarrier of said set;

means for determining a candidate subset, said

candidate subset comprising a plurality of least

interfered subcarriers of said set;

means for transmitting a subset request message

from said link receiver to said system;

means for receiving an answer message from said

system at said link receiver; and

means for determining whether said candidate

subset is accepted for said link from said answer

message.
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23. The system of claim 22 in which said means for

receiving an answer message comprises means for receiving

a subset accepted message.

24. The system of claim 22 in which the means for

receiving an answer message comprises means for receiving

one or more subcarrier rejected messages, and said means

for determining whether said candidate subset is accepted

further comprises:

means for determining one or more next

candidate subcarriers for said subset;

means for transmitting one or more subcarrier

requested messages from said link receiver to said

system; and

means for repeating said steps of determining

one or more next candidate subcarriers and

transmitting one or more subcarrier requested

messages to said system until a complete subset is

accepted.

25. The method of claim 14 in which said means for

determining if an unused subcarrier exists comprises:

means for determining if a candidate subcarrier

of said set that is more preferred for use on said

link than a subcarrier of said subset;

means for transmitting a subcarrier request

message from said link receiver to said system;

means for receiving an answer from said system

at said link receiver; and

means for determining from said answer if said

candidate subcarrier is unused.

26. The method of claim 25 in which said means for

measuring a received signal on each subcarrier of said

subset comprises:

means for measuring the interference level (I)

on each subcarrier of said set; and
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means for measuring the signal quality level

on each subcarrier of said subset;
if

subcarrier exists in said set that is more preferred

(C/I) and

said means for determining a candidate

for use on said link than a subcarrier of said

subset comprises:

means for determining a subcarrier of said

subset with a lowest

(C/I);
means

signal quality level
and

for determining a candidate

subcarrier of said set that has an interference

(I) (I)

of said subcarrier of said subset with said

lowest signal quality level (C/I).

level lower than the interference level
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(N-K) von Zeitschlirzen ausschliefslich der anderen Ubenragungsrichtung, z.B. Empfangen, zugeordnet wird.
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Verfahren zur bidirektionalen Dateniibertragung iiber eine Zweidrahtleitung

Die Erfindung betrifft ein Verfahren zur bidirektionalen Dateniibertragung fiber eine

Zweidrahtleitung, wobei digitale Daten zum Senden oder Empfangen, z.B. mittels diskreter

Mehrtonmodulation (DMT), moduliert bzw. demoduliert und die zu sendenden und zu

empfangendcn Datcn, z.B. durch Frequenzmultiplexbetrieb (FDM) oder Echoauslbschung
(EC), getrennt werden.

Um stérende Beeinflussung von zu iibermitteltenden Daten zu beseitigen, fiihren bekannte

Verfahren dieser Art die Trennung der z.B. DMT-modulierten Daten im

Frequenzmultiplexbetrieb (FDM) durch, wobei unterschiedliche Frequenzbereiche fiir die

beiden Ubertragungsrichtungen festgelegt sind. Eine weitere Mdglichkeit zur Trennung
besteht in der Anwendung des Echoausléischungsverfahrens (EC), bei dem durch den Einsatz

adaptiver Filter der Einflufi des Sendeteils auf den Empfzinger durch adaptive Filter
unterdrfickt 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

Kabeldéimpfung frequenzabhéingig ist, bereitet es groBe Schwierigkeiten fiir beide

Ubertragungskanéile die gleiche Ubertragungsqualitfit zu erzielen, in den fiberwiegenden

Féillen ist die Ubertragungsqualitéit in eine besser als in die andere Richtung. Generell ist es

aber erwiinscht, eine mfiglichst gleiche Qualitéit ffir beide Kaniile anbieten zu kénnen.

Weiters ist bei FDM die Variation der Ubertragungskapazitéit mit erheblichem Aufwand

verbunden, da dafiir eine Anpassung der jeweils verwendeten Bandfilter erforderlich ist,

sodafi die Kanalbandbreite entsprechend erhiiht oder erniedrigt werden kann.

Das weiters aus dem Stand der Technik bekannte Echoausléschungs-Verfahren weist ebenso

‘ wenn auch anders geartete Nachteile auf. So ist bei diesern Verfahren das Nah-

Nebensprechen ein grofies technisches Problem, da der Signalabstand zwisehen Sende- und

Empfangssignal sehr grofl 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 Durchfiihrung dieser bekannten Trennmethoden FDM und Echoausléschung ist auch

eine relativ hohe Rechnerleistung erforderlich, die die Kosten fiir die Datenfibertragung stark

erhtihen. Besonders bei Anwendung in Fallen, 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, s0daI3 die Durchfiihrung

auf einfache und kostengfinstige Weise erfolgen kann.

Weiters ist es Ziel der Erfindung, ein Verfahren zu schaffen, mit dem sich bei

Ubertragungen, die zu einem grofien Teil nur in einer der beiden Ubertragungsrichtungen vor
sich gehen, mit hoher Ubertragungsgeschwindigkeit durchfiihren lassen.

Weitere Aufgabe der Erfmdung ist es, eine sehr gute Ubertragungsqualitéit mit relativ

geringem technischen Aufwand zu erreichen, wobei eine Anderung der

Ubertragungskapazitéit einfach und kostengiinstig méiglich sein soll.

Erfindungsgeméifl wird dies dadurch erreicht, dafi die zu sendenden und zu empfangenden

Daten durch Zeitmultiplexbetrieb (TDM) getrennt werden, wobei der zugehijrige Multiplex-

Zeitrahmen in eine vorbestimmbare Anzahl N von Zeitschlitzen unterteilt wird, und davon

eine Anzahl K Von Zeitschlitzen ausschliefilich einer Ubertragungsrichtung, z.B. Senden, und

die restliche Anzahl (N-K) von Zeitschlitzen ausschliefilich der anderen

Ubertragungsrichtung, z.B. Empfangen, zugeordnet wird.

Da beim erfindungsgeméifien Verfahren entweder nur Sender- oder nur Empfangerfunktionen

aktiv sind, wird weniger Prozessorleistung als bei herkdmmlichen Verfahren benétigt, da

letztere einen sehr hohen internen Datenverkehr zu bewfiltigen haben. Dadurch gelingt es,

eine nach dem erfindungsgemiifien Verfahren durchgeffihrte Ubertragung sehr kostengiinstig
zu implementieren.

Das erfindungsgemfifle Verfahren bietet weiters den Vorteil einer gleichen

Ubertragungsqualitéit in beiden Ubertragungsrichtungen, da Senden und Empfangen bei
TDM mit der gleichen Leitungsdéimpfung erfolgt. Dadurch kéinnen beide

Ubertragungsrichtungen mit geringstmbglicher Qualtitéitsminderung im gleichen
Frequenzbereich durchgefihrt werden. Ein weiterer Vorteil des erfindungsgeméflen
Verfahrens ist die sehr einfache Veriinderung der Ubertragungskapazitéit, die durch die

entspechende Wahl der Anzahl der Zeitschlitze fiir die jeweilige Ubertragungsrichtung
erméglicht wird‘

Als besonders vorteilhaft bei asymmetrischer Dateniibertragung kann es sein, wenn in einer

Ubertragungsrichtung der GroBteil der Daten und in der anderen nur ein kleiner Rest

iibertragen wird. Dies ist dann gegeben, wenn die Anzahl N der Zeitschlitze sehr viel gr6Ber

als die Anzahl K gewiihlt wird. Vorzugsweise ist diese Bedingung erfiillt, wenn N gleich 30
und K gleich 1 ist.

Da das erfindungsgem.'2iJ3e Verfahren zur Datenfibertragung fiber Telephonleitungen

eingesetzt wcrden kann, kann es z.B. durch die Nummernwahl auf der Leitung zu

impulsartigen Stérungen kommen, die einen Ubertragungsfehler bewirken, der unbedingt

korrigiert werden mufi. Die Dateniibertragung muB aber nicht fiber Telephonleitungen

erfolgen, sie kann im Rahmen der Erfindung fiber jede daffir geeignete Zweidrahtleitung
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geschehen. Genauso konnen die unterschiedlichsten elektromagnetischen Storungen, auch

systemexterne, auf die Dateniibertragung ihren Einflufi haben.

Das bekannte ARQ (Automatic Repeat Request)-Verfahren wird zur Fehlerkorrcktur

iiblicherweise so eingesetzt, daB die Dateniibertragung auch bei beliebigen Storungen auf der

Leitung fehlerfrei bleibt, wobei der Datendurchsatz jedoch stark absinken kann, da ein

fehlerhaft iibertragenes Datenpaket solange wiederholt wird, bis es fehlerfrei empfangen
wird.

In weiterer Ausbildung der Erfindung kann daher vorgesehen sein, daB im Multiplex-

Zeitrahmen der Dateniibertragung im Zeitmittel eine vorbestimmbare Anzahl von

Zeitschlitzen fiir ARQ (Automatic Repeat Request)-Ubertragungswiederholungen

vorgesehen sind.

Bei dieser Ausffihrungsform steht somit stéindig Ubertragungs-Uberkapazitéit zur Verfiigung.

Wird ein Datenblock fehlerhaft empfangen, fordert der Empfainger nur so oft cine

Wiederholung an, wie es im Rahmen der im Zeitmittel zur Verfiigung stehenden

Uberkapazitéit moglich ist, sodaB unbeeinflufit durch die Ubcrtragungswiederholungen der

nominelle Datendurchsatz konstant gehalten werden kann. Im fehlerfreien Ubertragungsfall

wird ein hoher redundantes Signal iibermittelt. Die Dauer der Zeitspanne, fiber die die

Zeitmittelung erfolgt, ist im wesentlichen durch die Speicherkapazitéit des eingesetzten ARQ-

Puffers begrenzt.

Nach einer anderen Variante der Erfindung kann vorgesehen sein, dafi bei fehlerhafter

Ubertragung die Daten, z.B. mittels eines Rechenalgorithmus, modifiziert iibertragen
werden.

Dadurch kann der bei der Ubertragung auftretende 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

groBen Aufwand realisierbar ist.

Waiters kann vorgesehen sein, dafi die Schaltfrequenz einer Storquelle, z.B. ein Netzteil, mit

einer der Triigerfrequenzen der diskreten Mehrtonmodulation synchronisiert Wird.

Dadurch kann das auf frequenzselektive Storungen empfindliche DMT—Verfahren gegen

bekannte Stiirquellen gesichert werden. Bei Synchronisation der Schaltfrequenz der

Storquelle auf cine der Tréigerfrequenzen der DMT-Modulation wirkt sich die Storung nur

auf diese Tréigerfrequenz und deren Vielfache aus, sodaB sie durch einen adaptiven

Algorithmus kompensiert warden konnen.

Bei mehreren nebeneinander gefiihrten Zweidrahtleitungen, auf denen jeweils Daren

iibcrtragcn werden, ergibt sich iiblicherweisc ein Ubcrsprechcn, welches auf die Ubertragung

naturgeméifi storend wirkt.

GernéiB einer anderen Ausfiihrungsform des erfindungsgeméifien Verfahrens, bei welchem

Daten fiber zwei oder mehr Zweidrahtleitungen, die zurnindest teilweise in
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Ubersprechabstand gefiihrt sind, fibertragen werden, kann vorgesehen sein, daB der

Zeitmultiplex-Betrieb (TDM) auf allen Zweidrahtleitungen synchron durchgefiihrt wird,

sodaB auf allen Zweidrahtleitungen gleichzeitig entweder gesendet oder empfangen wird.

Dadurch wird immer zur gleichen Zeit entweder gesendet oder empfangen, sodafl eine

sttsrende Beeinflussung der einzelnen Empfainger durch nicht direkt verbundene Sender
verrnieden werden kann.

Im folgenden wird die Erfindung anhand eines in den Zeichnungen dargestellten
Ausfiihrungsbeispieles n’a'.her erléiutert.

Es zeigt dabei:

Fig.1 ein Blockschaltbild zur Durchfiihrung einer Ausfiihrungsform des erfindungsgeméifien
Verfahrens und

Fig.2 eine schematische Darstellung eines erfindungsgeméifien Zeitrahmens.

Eine bidirektionale Dateniibertragung von digitalen Daten gemiifi 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 fiber einen Leitungsiibertrager 13 einer Zweidrahtleitung 100 an einen am Ende dieser

Leitung 100 gelegenen Teilnehmer iibertragen werden. Demgegenfiber wird ein auf der

Zweidrahtleitung 100 ankommendes Signal fiber den Leitungsfibertrager 13 als

Empfangssignal an den Eingang eines Empfangteils 51 gefiihrt und dort in digitale Daten

umgewandelt. Da beim erfindungsgemafien Verfahxen nie gleichzeitig gesendet und

ernpfangen 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 wegféllt. Ein durch eine Gabelschaltung bedingtes

stfirendes Ubersprechen, durch welches Signalreste vom Sender zum Empfeinger derselben
Teilnehmerseite gelangen, scheidet somit als Stérquelle fiir dieses Verfahren aus.

In dem in Fig.1 gezeigten Ausfiihrungsbeispiel 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, dafi

die zentrale Datenstelle C fiber 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 zugehiirig sind, sind mit "ATU-C only" bzw. "ATU-R onl}-"'
gekemizeichnet.

Ohne Beschréinkung der allgemeinen Anwendbarkeit des erfindungsgeméifien Verfahrens sei

als Ausfijhrungsbeispiel einer asymmetrischen Dateniibertragung ein Heimvideosystem
beschrieben, bei welchem in der zentralen Datenstelle C die Videoinformation verschiedener

Videos in einem Groflrechner als Daten in komprimierter Form gespeichert und fiber eine

periphere Datenstelle R abrufbar ist. Uber einen bidirektionalen Steuerkanal wird die

Steuerinformation zwischen den Datenstellen C und R ausgetauscht, wobei cine Datenrate

Von 64 kbit/s festgelegt ist. Diese Steuerinformation kann sich auf verschiedene vorn

Teilnehmer auszugebende Befehle, wie etwa PLAY, REWIND o.'2i, wie sie von einem
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Videorecorder bekarmt sind sowie inteme Steuerkommandos beziehen und ist in ihrer Menge

vergleichsweise gering gegenfiber der Von der zentralen Datenstelle C ausgesendeten

Breitbandinformation, die im wesentlichen die Videoinformation beinhaltet, die mit einer

Datenfibertragungsrate von 2, 048 Mbit/s nur in einer Richtung von C zu R gesendet wird.

Die genarmten Datenraten kdnnen jedoch ffir das erfindungsgeméifie Verfahren aber auch

géinzlich andcrs, z.B. viel hoher gewéihlt werden, wobei ffir die nur in eine Rjchtung zu
fibermittelnde Breitbandinformation auch eine Datenrate Von etwa 50 Mbit/s his 150 Mbit/s

zur Verffigung gestellt werden kann. Die fibertragene Information kann dabei jede Art Von

Sprach—, Bild- oder Dateninformation darstellen. Ebenso ist eine andere Rate ffir den

bidirektionalen Steuerkanal ausffihrbar, der aber nicht nur Stcuerfunktionen sondern alle

moglichen Datenfibertragungsfunktionen erffillen kann.

Am eingangsseitigen Teil des Sendeteils 50 sind ffir die Datenstelle C zwei verschiedene

Dateneingiinge und ffir die Datenstelle R nur ein Dateneingang ausgebildet. An den ersten

Eingang, der ffir C und R gleich ist, gelangt der Datenstrom aus der Datenquelle 1, die z.B.

im wesentlichen Steuerbefehle aussendet, die fiber einen nachfolgenden Verwfirfler 2 in

einen diesem nachfolgenden Sendepuffer 3 gelangen, wobei die aus der Datenquelle 1

kommenden Daten im Verwfirfler 2 nach einem vorbestimmbaren Algorithmus gewandelt

werden. Dadurch wird ein linger andauernder, konstanter logischer Zustand verhindert und

cine ausgeglichene statistische Verteilung der binéiren Zustéinde erreicht. Anschliefiend daran

erfolgt im Sendepuffer 3 cine Zwischenspeicherung der verwfirfelten Signale. In der

Datenstelle R sind die aus dem Sendepuffer 3 austretenden Daren fiber 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 fir die Datenstelle C ausgeffihrt ist, kommt

der-Datenstrom aus der Datenquelle 4, die die Breitbandinformation generiert, fiber einen

' nachfolgenden Verwfirfler 5 und fiber einen ARQ (Automatic Request)-Puffer 6, der einen

CRC-Generator enthéilt, fiber den eine Fehlerkorrekturkodierung erfolgt, an den zweiten

Eingang des Sendeteiles 50. Die im Verwfirfler 5 umgewandelten Daten werden im ARQ-

Puffer 6 zwischengespeichert und bei fehlerhafter Ubertragung wiederholt. Eine besondere.

erfindungsgeméifie ARQ-Ubertragungstechnik wird weiter unten noch beschrieben.

Die fiber die Eingéinge des Sendeteils 50 seriell eintreffenden Daren werden im Kodierer 7

zum Herabsetzen der Datenrate in vorbestimmbarer Léinge 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 Verfahxen moduliert und fiber ein HochpaB-Filter 9

geleitet, welches zur Vermeidung von Storeinflfissen im wesentlichen das

Sprachfrequenzband unterdrfickt. Das digitale Ausgangssignal dieses Hochpafl-Filters 9 wird

fiber einen Digital-Analog-Wandler 10 in ein analoges Signal gewandelt, welches fiber ein

BandpaB-Filter 11 und anschlieflend fiber einen Verstéirker 12 zum Wandler 13 gelangt. Das

BandpaB—Filter 11 erffillt 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

Erflllung des Abtasttheorems so gewéihlt, daB ffir die héchsten vorkommenden Frequenzen

mindestens zweimal eine Abtastung durch den Analog-Digital-Wandler 10 erfolgt.

Der Sendeteil 50 und der Empfangsteil 51 sind durch cine TDM (Time Division Multiplex)-

Einheit 30 gesteuert, sodaB erfindungsgemiifi die zu sendenden und die zu empfangenden

Daten durch Zeitmultiplexbetrieb getrennt werden, wobei der zugehérige Multiplex-

Zeitrahmen in eine vorbestimrnbare Anzahl N von Zeitschlitzen unterteilt wird, und davon

eine Anzahl K Von Zeitschlitzen des Zeitrahmens auschlielfvlich einer Ubertragungsriehtung,
z.B. Senden, und die restliche Anzahl N-K von Zeitschlitzen ausschliefllich 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 beniitigte Prozessorleistung entsprechend niedrig ausgelegt werden kann. Da

dadurch auch cine Beeinflussung des eigenen Senders auf den Empfalnger ausgeschlosssen

ist, ist fiir den Analog-Digital-Wandler 16 des Empfangerteilsl nur eine geringe Auflfjsung
erforderlich. Dieser Vorteil wirkt sich infolge der direkten Proportionalitiit von Auflésung

und Preis bei Analog-Digital-Wandlem sehr kostengiinstig aus.

Das erfindungsgemélBe 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 herkéimmlichen Verfahren zur Trennung von Senden und

Empfangen geht ein betréichtlicher Teil der Rechnerleistung fiir interne Kommunikation

verloren, wfihrend beim erfindungsgeméifien Verfahrem diese Rechner—Hilfskapazit%it sehr
gering gehalten werden kann.

Das erfindungsgeméifle Verfahren hat dort seine Grenze, wo sich der Anteil des Sendens und

Empfangens der 50%-Prozentgrenze néihert, da dann andere Verfahren etwa wie Echo-

Cancelling 0.5. mit gleichgrofiem oder lcleinerem Aufwand durchgefiihrt werden kénnen.

In Fig.2 ist der in Zeitschlitze unterteilte Zeitrahmen, wie er im erfindungsgemiifien

Verfahren zur Anwendung gelangt, dargestellt. Die beiden Ubertragungsrichtungen sind

durch die Ausdrficke "upstream" und "downstream" gekennzeichnet. Der ganze Zeitrahmen

ist in diesem Beispiel 20,625 ms lang und in verschiedene Schlitze zu 625 ps aufgeteilt,

wobei die Mehrzahl der Daten in downstream-Richtung iibertragen wird. Diese Aufteilung

ist besonders dann von Vorteil, wenn in einer Ubertragungsrichtung ein bidirektionaler Kanal

mit geringer und ein unidirektionaler Kanal mit hoher Datenrate benéitigt wird. In dem

dargestellten Ausfuhrungsbeispiel werden fiber den bidirektionalen Kanal durch die mit

CONTROL bezeichneten Zeitschlitze in downstream— und upstream—Richtung Steuerbefehle
und fiber den unidirektionalen Kanal durch die mit VIDEO bezeichneten 30 downstream-

Zeitschlitze mit im Zeitmittel einem Hilfsschlitz Videoinformation iibertragen. Diese Art der

Ubertragung kann ffir beliebige Informationen erfolgen.
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Die Verteilung der Sende- bzw. Empfangskapazitéiten ist den jeweiligen Verhéiltnissen dutch

Wahl der Anzahl der upstream bzw. downstream-Zeitschlitze anpafibar. Bei sich iindemden

Auslastungen kann dieses Verhéiltnis automatisch entsprechend dem aktuellen Bedarf

abgestimmt werden. Die festgelegten Sende- und Empfangszeiten haben gegeniiber einer

Frequenzmultiplex-Ubertragung den Vorteil, daB nicht gleichzeitig empfangene und zu

sendende Daren verarbeitet werden mfissen, wodurch die Rechnerleistung bzw. der

Hardware-Aufwand entsprechend niedrig ausgelegt werden kann. In jedem DMT-Schlitz

wird eine codierte und DMT-modulierte Dateneinheit fibertragen.

Fiir ARQ—Ubertragungswiederholungen wird gemétfl einer erfindungsgeméifien

Ausfuhrungsform im Multiplex-Zeitrahmen der Datenfibertragung im Zeitmittel eine

vorbestimmbare Anzahl Von Zeitschlitzen fiir ARQ-Ubertragungswiederholungen

vorgesehen sind. Dazu werden beim Senden der Daten diese stéindig 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 gefiillt

wird. In der dabei entstehenden Liicke wird emeut jeweils der letzte Datenblock eingetragen,

dieser wird jedoch empfaingerseitig als wiederholter Block erkarmt und automatisch beseitigt.

Somit wird im fehlerfreien Ubertragungsfall stéindig mit Uberkapazitiit gesendet, ohne daB

der iibertragene Informationsgehalt gr6l3er ist.

Sobald ein Ubertragungsfehler auftritt, erkennt der Empfanger in der peripheren Datenstelle

R den Fehler mittels seiner CRC- Fehlererkennung in der ARQ-Einheit 24 und gibt darauf

den Befehl fiber den Multiplexer des Sendepuffers 3 zur Datenwiederholung weiter, der dann

als Steuerinformation fiber den bidirektionalen Kanal gesendet wird. In der zentralen

Datenstelle C wird diese Information nach Durchlaufen des Empfzingerteils 51 im

Empfangerpuffer 27 gedemultiplext und ein Steuerbefehl an den ARQ—Puffer 6 gegeben, die

fehlerhafte Ubertragung zu wiederholen.

Dafiir steht in diesem Ausfihrungsbeispiel im Zeitmittel nur ein Hilfsschlitz zur Verfiigung,

was einer Uberkapazitéit von 3,33% entspricht. Dauer und Anzahl der Hilfsschlitze sind in

diesem Zusamrnenhang keiner Einschréinkung unterworfen und konnen innerhalb des

technisch Realisierbaren beliebig den jeweiligen Verhéiltnissen angepafit werden.

Nach einer Fehliibertragung wird nun im darauffolgenden Zeitrahmen, die

Wiederholungsiibertragung durchgeffihn, die sich fiber mehrere nacheinanderfolgende

Zeitschlitze erstrecken kann. Gemittelt ilber die Zeit sollte in diesem Beispie] nur ein

Zeitschlitz pro Rahmen fiir die Wiederholungen benutzt werden.

Die Zeitspanne, fiber die dabei das Zeitmittel berechnet wird, ist durch die Gr<':'»Be des ARQ-

Pufferspeichers festgelegt. Sobald dieser mit Information vollgeschrieben ist, kénnen keine

weiteren Wiederholungen durchgefiihrt werden und der fehlerhafie Datenblock rnufl als

transparent ausgegeben werden.

Gegeniiber einem herkommlichen ARQ-Verfahren ist die fiir die Datenwiederholungen

festgelegte Zeitspanne im Zeitmittel fixiert. Dadurch kann es nicht passieren, dafi aufgrund

einer léinger andauernden Storung die Ubertragung solange wiederholt wird bis sie fehlerfrei
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ist und damit die Ubertragungszeit sich stark erhéiht. Durch das bekannte ARQ-Verfahren

wird die Dateniibertragung auch bei beliebigen Stijrungen 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 erfindungsgeméiflen Verfahren die Ubertragung nur so oft wiederholt, wie es irn
Rahrnen der Uberkapazitéit miiglich ist, um den nominellen Datendurchsatz aufrecht zu

erhalten. Kann bei mehreren aufeinanderfolgenden falschen Datenblticken einer nicht mehr

wiederholt und richtig empfangen werden, wird er transparent ausgegeben.

Bei einem durch die diskrete Mehrtonmodulation (DMT) modulierten Signal ist das

Verhéiltnis VOI1 Spitzenwert zu Mittelwert sehr groB, sodalfi ein Abkappen ("Clipping") der
Signalspitze eine héiufige Fehlerquelle darstellt. Urn 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 Empfanger wird der verwendete Rechenalgorithmus

cntsprechend in Umkehrung angewendet und die Daten wiedergewormen. 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 Stérquelle beirn DMT—VerfahIen ergibt sich aus der Schaltfrequenz der

eingesetzten Sparmungsversorgung, z.B. des Netzteils, da diese Schaltfrequenz im

Ubertragungsbereich liegt und somit als frequenzselektive Stbrung ihre Auswirkung zeigt.
Hinzu kommt die Abhiingigkeit dieser Stérungen Von anderen EinfluBgr('jBen, etwa die

gerade am Netzteil vorliegende Last. Diese Art von Sttirungen kéinnen verringert werden,

indem die Schaltfrequenz des Netzteils auf eine der Tréigerfrequenzen der DMT-Modulation

synchronisiert wird. Damit wirkt sich diese Stijrung nur auf diese Tragerfrequenz und ihre

' Vielfache aus, sodafi sie sehr leicht durch einen adaptiven Algorithmus kompensiert werden
kéinnen.

In Fig.1 ist weiters der dern Sendeteil 50 entsprechende Empfangsteil 51 dargestellt. Die fiber

die Zweidrahtleitung 100 und den Ubertrager 13 von der anderen Teilnehrnerseite

einlangenden Signale werden fiber einen Bandpafi 14 und iiber eine AGC (Automatic Gain

Control)-Einheit, die unabhéingig von den momentanen Signalverhiiltnissen auf der Leitung

ein annéihernd amplitudenkonstantes Signal erzeugt, an den Eingang eines zum Empfangsteil

51 gehézirigen Analog-Digi1;al—Wandlers 16 gefiihrt, dessen Ausgang mit einem HochpaB—
Filter 17 verbunden ist. Das am Eingang des Hochpasses 17 anliegende Signal wird fiber

einen AGC-Regelkreis 18 als Stellgrtifie zur AGC—Einheit 15 riickgefiihrt.

Nach dem Hochpafi 17 erfolgt die Demodulation des Signals, aus welchem nur in der

peripheren Datenstelle R der rnitiibertragene Pilotton einer Pilot-AGC-Einheit 20 zugeflihrt
wird, woraus in der Taktgewinnungseinheit 21 ein Referenzsignal fur die

Takterzeugungseinheit 31 der peripheren Datenstelle R gewonnen wird. Diese

Talcterzeugungseinheit 31 generiert fiir die TDM—Einheit 30 und fur den Systemtakt die
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Zeitbasis. Die Datenstelle C benijtigt keine Taktgewinnungseinheit, da hier eine unabhéingige
Zeitbasis vorgesehen ist.

Die durch die Ubertragungsstrecke bewirkten linearen Verzerrungen Werden in einem an den

DMT-Demodulator 19 ansch1ieBenden Entzerrer 22 mit update-Funktion beseitigt. Daran

anschlieflend findet in einem Dekodierer 23 das Umschliisseln entsprechend einer

Dekodiertabelle statt, woraufliin am Ausgang des Dekodieres 23 wieder ein serieller

Bitstrom vorliegt, der fiber zwei Ausgéinge 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 Daren in ihrer richtigen Reihenfolge

wiederhergestellt Werden und der Datcnsenkc 29, die die gesendeten Steuerdaten empfangt.

Der zweite Ausgang des Empfangsteils 51, welcher nur fiir die Datenstelle R vorgesehen ist,

ist mit einem ARQ-Puffer 24 verbunden, der die iibertragene Breitbandinformation aus der

Datenstelle C zwischenspeichert, verifiziert und bei Bedarf fiber cine im ARQ-Puffer 24

integrierte Steuereinheit den Befehl zurn nochmaligen Senden der fehlerhaft iibertragenen

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

anschliefiend eine Datensenke 26 zur Ubernahme der Breitbandinformation angeschlossen.

Werden Daten fiber zwei oder meh: Zweidrahtleitungen, die zumindest teilweise in

Ubersprechabstand geffihrt sind, iibertragen, kann es geschehen, da.B durch die gegenseitige

induktive Beeinflussung der Zweidrahtleitungen es zum Ubersprechen kommt. Besonders in

einer zentralen Datenanlage, in der viele abgehende Zweidrahtlcitungen nebeneinander

gefihn Werden, kann es zu dieser unerwiinschten Stiirung kommen.

Bei einer Ausffihrungsform des erfindungsgemé'LBen Verfahrens wird diese Art der Stéirung

vermieden, indem der Zeitmultiplex-Betrieb auf allen Zweidrahtleitungen synchron

durchgeffihrt wird. Dies bedeutet, daI3 gleichzeitig fiber alle Zweidrahtleitungen entweder

gesendet oder empfangen wird, sodaB keine Beeinflussung mehr mtiglich ist.
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Patentanspriiche

Verfahren zur bidirektionalen Datcnfibertragung iiber cine Zweidrahtleitung, wobci
digitale Daten zum Sendcn oder Empfangcn, z.B. mittels diskreter Mchrtonmodulation

(DMT), moduliert bzw. demodulicrt und die zu sendendcn und zu cmpfangendcn

Daren, z.B. durch Frequcnzmultiplcxbctrieb (FDM) oder Echoausléischung (EC),
getrennt werden, dadurch gekennzeichnet, daB die zu sendenden und zu

cmpfangendcn Datcn dutch Zcitmultiplexbctrieb (TDM) getrennt werden, wobei der

zugehérige Multiplex-Zeitrahmcn in einc vorbestimmbarc Anzahl N von Zeitschlitzen

untertcilt wird, und davon cine Anzahl K von Zeitschlitzen ausschliefilich ciner

Ubcrtragungsrichtung, z.B. Senden, und die restlichc Anzahl (N—K) von Zeitschlitzen

ausschliefilich der andcrcn Ubertragungsrichtung, z.B. Empfangen, zugeordnet wird.

Verfahren nach Anspruch 1, dadurch gekennzeichnet, daB N’ glcich 30 und K gleich
1 ist.

Vcrfahren nach Anspruch 1 oder 2, dadurch gekennzeichnet, dafi im Multiplex-

Zcitrahmen der Datenfibertragung im Zeitmittel cine vorbcstimmbare Anzahl von

Zeitschlitzen fiir ARQ (Automatic Repeat Request)—Ubertragungswicderholungen
vorgeschcn sind.

Verfahrcn nach Anspruch 1, 2 oder 3, dadurch gekennzeichnet, daB bei fchlcrhafter

Ubertragung die Datcn, z.B. mittels eines Rechcnalgorithmus, modifiziert wiederholt
fibertragen werdcn.

Verfahren nach Anspruch 4, dadurch gekennzeichnet, daB die Daten durch logischc
Inversion modifiziert werden.

Verfahrcn nach Anspruch 1 bis 5. dadurch gekennzeichnet, daB dic Schaltfrcquenz

ciner Stérquelle, z.B. ein Nctzteil, mit ciner dcr Tréigcrfrequenzen der diskreten
Mchrtonmodulation synchronisicrt wird.

Verfahrcn nach Anspruch 1 bis 6, wobei Daten fiber zwei oder mehr

Zwcidrahtleitungen, die zumindcst teilwcise in Ubersprechabstand gefuhrt sind,

fibertragen werden, dadurch gekennzeichnet, dafl dcr Zeitmultiplex-Betricb (TDM)
auf allen Zwcidrahtleitungcn synchron durchgcfiihrt wird, sodaB auf allcn

Zwcidrahtlcitungen glcichzeitig entwedcr 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 Kxinsky, Marcos Tzannes, and Nlichael 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
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ready availability and the substantial cost of providing alternative facilities, it is increas-

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 ofiice (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, I-IDSL, 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 ofiice 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 elfectively 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 subcharmel carry a number ofbits

that may vary from subchannel to subchannel, dependent on the signal-to-noise ratio

(SNR) of the subchannel. The number ofbits that can accommodated under specified
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communication conditions is known as the “bit allocation” of the subcharmel, and is calcu-

lated for each subchannel in a known manner as a function of the measured SNR ofthe

subchannel and the bit error rate associated with it.

The SNR ofthe respective subcharmels 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 oflice) and is communicated to the other (transmitting or

“remote”) end so that each transmitter—receiver pair in communication with each other

uses the same infonnation for communication. The bit allocation information is stored at

both ends of the communication pair link for use in defining the number ofbits 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 coefii-

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 oflice. 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 43 12.5 Hz bandwidth, are devoted to downstream (from central

oflice to subscriber premises) communications, while up to thirty two subchannels, each

also of 43 12.5 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”

flame 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 ofi‘-hook, replacing it on-

book, 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 separate 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 ofice

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 omce 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 ofDSL technology on a widespread ba-

sis.

DSL systems also experience disturbances from other data services on adjacent

phone lines (such as ADSL, I-IDSL, ISDN, or T1 service). These services may commence

afier the subject ADSL service is already initiated and, since DSL for internet access is

envisioned as an a1ways—on service, the elfect 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 ofPOTS splitters.

Another object of the invention is to provide an improved digital subscriber line

communication system that efiiciently 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 ofvoice communications and

other disturbances. For simplicity of reference, the apparatus and method of the present

invention will hereinafier 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 ofiice 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 Oflice”). 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 subcharmels, commonly the higher-frequency subcharmels, and re-

ceives data from the downstream or ATU-R modern 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 modern 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

fi'om 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 ofl'-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

SUBSTITUTE SHEET (RULE 26)



Page 866 of 1037

WO 99/20027 PCT/US98/21442

-7-

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 charmel 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 efiiciently 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 charmel 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 hereinafier as being

in its “primary” state; when communicating under control of the secondary channel con-

trol table, the modem is described hereinafier 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 modern 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 typically

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 receiving data from, the

other modern with which it forms a communications pair. Certain parameters such as

time and frequency domain equalizer coeflicients and echo canceller coefiicients 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 charmel gains are shared with

the other modern 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 subcharmels. 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 ofwhich contains one or

more parameter sets that define the subchannel bit allocations to be used by it and by the

transmitter of the other modern in communicating with it, and each transmitter also stores

a primary channel control table and a secondary charmel 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 modern 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 hereinafier. Communications thereafier 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 difierent 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 coefficients, frequency domain equalizer coeflicients, 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 fiiller 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 oflice modem (ATU-C) need store the primary and secondary tables

for a specific subscriber only. However, efiiciencies may be achieved whenever it is un-

necessary to provide service to each subscriber at all times. Under these circumstances, a

central office modem may 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 omce, 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 charmel 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 hit 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

SUBSTITUTE SHEET (RULE 25)



Page 870 of 1037

WO 99/20027 PCT/US98/21442

-11-

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 subcharmels; or as determined in accordance with a different bit

error rate than provided for in the primary charmel 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 diifering percentages (fixed or varying across

the subchannels) of the corresponding set ofbit 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, eg, 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 eifect 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 ofiice,

etc. The subchannel gains may also then be adjusted based on the redetermined bit allo-

cations. The bit allocations and subchannel gains so detennined 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 sufiicient to accommodate the interference from activation of the voice communica-

tions device or from other disturbances. This has the eflE'ect 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 difierent 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 ofDSL 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 Tl.413 ADSL standard

published by the American National Standards Institute. From a primary channel control
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