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A combined, parallel adaptive equalizer/echo canceller Is disclosed. The equalizer/canceller recelves at least one input signal which
IS split Into n taps. The n taps are multiplied by corresponding n tap coefficients to produce n tap output signals. The n tap output
sighals are then processed through an additive pipeline to produce a filter output signal. The additive pipeline provides low latency
by processing the nth most recent tap output signal n clock cycles from the filter output signal. The combined FIR filter structure Is
made fully adaptive using delayed LMS coefficient adaptation. Tap coefficients are updated using an error signal and delayed
versions of the input signal. The error signal Is a product of a calculated error and a negative adaptation factor. The delay is equal to
a sum of n+1 cycles.
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A combined, parallel adaptive equalizer/echo canceller is disclosed. The equalizer/canceller receives at least one input signal which

is split into n taps. The n taps are multiplied by corresponding n tap coefficients to produce n tap output signals. The n tap output signals
are then processed through an additive pipeline to produce a filter output signal. The additive pipeline provides low latency by processing

the nth most recent tap output signal n clock cycles from the filter output signal. The combined FIR filter structure is made fully adaptive
using delayed LMS coefficient adaptation. Tap coefficients are updated using an error signal and delayed versions of the input signal. The
ervor signal is a product of a calculated error and a negative adaptation factor. The delay is equal to a sum of n+1 cycles.
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COMBINED PARALLEL ADAPTIVE EQUALIZER/ECHO CANCELLER

BACKGROUND OF THE INVENTION
]. Field of the Invention.

This invention relates in general to digital filtering, and more particularly to

combined parallel adaptive equalizer/echo canceller that minimizes memory
requirements and circuit complexity.

2. Description of Related Art.

“Communication™ is the exchange of thoughts, opinions. ideas, and
information. It is the means to socialize, do business, educate. and entertain.
Communication can take many forms, such as spoken words, written letters. or
symbols. Although face to face communication is often desirable., it is often not

possible due to geographical distance, time constraints, and an ever-increasing need
for a high volume of information in today’s society. It is for this reason that

information, or data, is sent over communications “channels.” via “signals.”

A communications channel is a single path for transmitting an electrical
signal, such as a twisted wire-pair cable, or a fiber optic line. A signal is a physical
representation of data, such as the electrical pulses which are used to correspond to
digital logic levels.

Signals are sent, or transmitted, in a tremendous variety of forms. For
example, signals are used to send voice information over a telephone line: modems
use signals to transmit data between computers; signals are constantly sent between
the CPU and disk storage device in a personal computer: and signals representing
images and sound are transmitted from a television camera on-site, to the television in
a viewer's living room that could be thousands of miles away.

Signal distortion or degradation is a significant problem in the field of
communications. Any real communications channel has transmission deficiencies,
including various kinds of noise and interference, which distort the signal. For
example, static noise (caused by natural electric disturbances in the atmosphere) and
thermal noise (caused by the random motion of electrons in the channel) are present to

some extent in any communications channel. Intersymbol interference (degradation
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cause by imperfect channels) can also be a major problem. In short, there are
many reasons why a signal that is sent may be unrecognizable when it is
received.

Thus, transmission deficiencies must be corrected so that the signal
received is the same as the one that was sent, and valuable information is not
lost. This correction can be accomplished by the signal receiver, through a
process known as equalization.

Equalization is the process of correcting a channel for its transmission
deficiencies, by introducing networks which compensate for attenuation and time
delay problems in the signal. A properly equalized communications channel will
significantly increase the likelihood of obtaining an accurate signal (i.e., the
signal that was sent) at the receiving end of a communications network. An
equalizer is a device used to accomplish equalization.

In addition, impedance mismatches in the transmission media ten cause
signal echoes. Echo cancellation is the process of eliminating such echoes from
the signal path. To cancel the echo signal, a basic operation is implemented
subtraction. Overall, an estimate of the echo signal is generated by adaptive
compensation circuit and then subtracted from the echo signal itself. The
compensation circuit is fed by both the original signal to be transmitted and the
residual signal that results after the echo cancellation takes place. The original
signal is used to create the echo signal estimate and the residual signal is used
for the adaptation process within the compensation circuit to improve the quality
of the estimate echo signal. The adaptive compensation circuit and the
subtraction circuit, the circuit that takes the estimate and subtracts it from the

received signal, from the echo canceller.

A filter is generally used in equalizer/echo canceller circuits. A filter may
have a means of monitoring its own frequency response characteristics and a
means of varying its own parameters by closed loop action, in order to attain
optimal equalization or echo cancellation. Such a self-adjusting filter is called an

adaptive filter, and it can be used in a channel receiver. The parameters of an

adaptive filter are typically adjusted by sampling the filter output at a
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predetermined rate, and sending this sampled output to some filter control
means, which adjusts filter parameters accordingly via closed loop feedback.

U.S. Patent No. 4,074,086, entitted "JOINT ADAPTIVE ECHO
CANCELLER AND EQUALIZER FOR TWO-WIRE FULL-DUPLEX DATA
TRANSMISSION", issued to Falconer et al. discloses an adaptive equalizer and

echo canceller that jointly respond to a common error difference between the
accrual output and the quantized digital output of a data receiver in two-wire
digital data fransmission system. U.S. Patent No. 4,074,086 provides full duplex digital data

efficient echo estimation. To accomplish this, periodically running cross-correlations
that are weighted by a feedback weighing factor are loaded into a finite impulse
response (FIR) filter. The cross-correlation used for a given filter coefficient
corresponds to the symbol data sample position of a delay register and a relative delay
of the error corresponding to that sample. In doing this. a tap weight vector update 1s
produced.

However. the standard transversal LMS implementation has several
disadvantages or limitations. For long filter applications. the summation tree formed
with the summation blocks present latency problems. Such latency problems are
especially problematic in very high-speed applications such as Gigabit Ethernet or
Fast Ethernet. Further. an adaptive filter must have a sufficient number of taps to
provide the requisite sampling of the signal. However, the performance of the
transversal equalizer 1s improved by increasing the sampling rate to a value at least
greater than twice the bandwidth of the received signal. Thus. memory requirements
increase with increased bandwidth.

It can be seen that there is a need for a combined adaptive equalizer/echo
canceller that provides low latency for high-speed applications.

It can also be seen that there 1s a need for a combined adaptive equalizer/echo

canceller that minimizes the memory requirements for implementing the filtering/echo
cancellation functions.

SUMMARY OF THE INVENTION
To overcome the limitations in the pnor art described above. and to overcome
other limitations that will become apparent upon reading and understanding the
present specification, the present invention discloses digital filter.
The present invention solves the above-described problems by providing a

combined parallel adaptive equalizer/echo canceller that minimizes memory
requirements and circuit complexity.
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A system in accordance with one aspect of the invention includes a
combined, parallel adaptive equalizer/echo canceller, comprising:
a plurality of transverse finite impulse response filters (202, 204), each

filter receiving an input signal (206, 208) and providing n tap signals to n

- multipliers (210-218), wherein each multiplier provides a tap output signal (270)

resulting from the product of the tap signals and a tap coefficient (220-226);

an iterative pipeline, coupled to the plurality of filters, the iterative
pipeline comprising n-1 registers (240-246) having an input and an output and n
adders (230-238), wherein each of the n-1 registers is disposed between two of
the n adders with the output of the registers being passed to an input of a next
one of the adders in the iterative pipeline, each of the n adders having a first set
of inputs for receiving tap output signals from each of the plurality of transverse
finite impulse response filters and a second input for receiving the output of one
of the n-1 registers, the n adders providing a sum signal representing a sum of
the received tap output signals from each of the plurality of transverse finite
Impuise response filters and the output of one of the n-1 registers: and

a coefficient processor (300), coupled to the filters, for calculating
updated tap coefficients, the update tap coefficients calculated using an error

signal (366) and delayed versions of the input signal (306, 308).

Other embodiments of a system in accordance with the principles of the
invention may include alternative or optional additional aspects. One such aspect of
the present invention is that a most recent tap output is received by the pipeline one
cvcle from the output signal.

Another aspect of the present invention is that each filter receives an input
signal and provides n tap signals to corresponding n multipliers, wherein the nth
multiplier provides an nth tap output signal resultihg from the product of the nth tap
signal and an nth tap coefficient.

Another aspect of the present invention is that the pipeline further includes n
adders having inputs for receiving the n tap output signals and an output for providing
a sum signal representing the sum of the n received tap output signals and n-1
registers having an input and an output, the input of each register being coupled to an
output of an output of an adder and the output of each register being passed to an

input of a next one of the adders in a pipeline manner according to a next cycle.
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Yet another aspect of the present invention is that the tap outputs are received
bv the pipeline such that each nth adder receives all nth tap output signals.

Another aspect of the present invention is that the error signal compnses a
product of a calculated error and a negative adaptation factor.

Another aspect of the present invention 1s that the delay is equal to a sum of one

cvcle and a length of the at least one transverse finite impulse response filters.

In accordance with another aspect of the invention, there is provided a
method of providing parallel adaptive equalization and echo cancellation,
comprising the steps of:

receiving input signals (206-208) at a plurality of transverse finite
iImpulse filters (202-204);

splitting the input signals at each transverse finite impulse filter into a
plurality of tap signals;

multiplying (210-218) each of the tap signals for each transverse finite
impulse filter by a tap coefficient (220-228) to produce a tap output signal;

receiving the tap output signals from the plurality of transverse finite
impulse filters at adders (230-238) in an iterative pipeline,

providing a sum signal from the adders representing the sum of the
received tap output signals and an output from one of a plurality of registers
(240-246) having an input and an output, the input of each register being
coupled to an output of an adder and the output of each register bring passed to
an input of a next one of the adders in a pipeline manner according to a next
cycle; and

calculating updated tap coefficients using a coefficient processor (300),
the update tap coefficients calculated using an error signal (366) and delayed
versions of the input signal (306, 308).

" These and various other advantages and features of novelty which characterize

the invention are pointed out with particularity in the claims annexed hereto and form a
part hereof. However, for a better understanding of the invention, its advantages. and
the objects obtained by 1ts use. reference should be made to the drawings which form a

turther part hereof, and to accompanying descriptive matter, in which there are

illustrated and described specific examples of an apparatus in accordance with the
Inventon.
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BRIEF DESCRIPTION OF THE DRAWINGS
Referring now 1o the drawings in which like reference numbers represent
corresponding parts throughout:
Fig. | illustrates a transverse Finite Impulse Response (FIR) filter;
Fig. 2 illustrates multiple independent FIR filters of the same length combined
in a transverse architecture according to the present invention; and
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Fig. 3 illustrates Multiple Independent FIR filters for calculating delayed LMS
coetticients for use in the FIR of Fig. 2.

DETAILED DESCRIPTION OF THE INVENTION

In the following description of the exemplary embodiment, reference is made
to the accompanying drawings which form a part hereof, and in which is shown by

way of illustration the specific embodiment in which the invention may be practiced.
It 1s to be understood that other embodiments may be utilized as structural changes
may be made without departing from the scope of the present invention.

The present invention provides a parallel architecture for implementing
adaptive feedforward/feedback equalizers and echo cancellers in a combined fashion.
The present invention minimizes the amount of registers necessary for implementing
the filtering/echo cancellation functions and eliminates the need for separate
multiplier precoding circuitry at the input of each feedforward tap multiplier. The
architecture inherently has very low latency and it is thus useful for line equalization
and echo cancellation in very high-speed applications such as Gigabit Ethernet or Fast

Ethernet, where the overall latency of the computations is a critical factor for the
correctness of operation of the overall system.

Fig. 1 1llustrates a transverse Finite Impulse Response (FIR) filter 100. In Fig.
I, input data 102 is received by the FIR filter 100. The input data 102 is tapped to
provide samples to each multiplier 110-118. Each of the data samples 102 are
multiplied by an array of constants or tap coefficients 120-128. The output of each

multiplier 110-118 1s then pipelined through adders 130-138 and registers 140-146.
The output 150 of the final adder 140 is the output of the FIR filter 100.

Transverse Finite Impulse Response (FIR) filters 100 are known to provide
distinct advantages in terms of paraliel hardware implementations. Since, the 1nput
data 102 1s broadcast to all multipliers 110-118 in the filter 100, the input data 102 can
be precoded for the multiplication operation and then broadcast. This saves the step
of precoding the data in each multiplier 110-118 in the FIR taps. In addition, the
output 150 1s pipelined so that the filter 100 can be operated at high clock rates. The
most recent tap 170 1n the FIR filter 100 is just prior to the final output 150.
Therefore, the latency of the filter is minimized. In applications such as Ethernet
where latency is a critical issue, this provides an added advantage.

Fig. 2 1llustrates multiple independent FIR filters of the same length combined
In a transverse architecture 200. Multiple independent FIR filters of the same iength

02284989 1999-09-24
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202, 204 (n taps) can be easily combined in a transverse architecture. A first data
signal 206 1s received by the first FIR filter 202. A second data signal 208 is received
by the second FIR filter 204. Each input data signal 206, 208 is tapped to provide
samples to multipliers 210-218, 280-288. Each of the data samples 206, 208 are
multiplied by an array of constants or tap coefficients 220-228, 290-298 to provide the
desired filter response. The output of each multiplier 210-218, 280-288 is then
pipelined through adders 230-238 and registers 240-246. The output 250 of the final
adder 240 1s the output of the FIR filter 200. The final adder 240 receives the most
recent tap outputs 270, 272. The outputs of the multipliers 210-218, 280-288 are
accumulated in a column fashion prior to the registers 240-246 such that every nth
adder 230-238 receivers the corresponding nth output of the multipliers 210-218, 280-
288. Thus, the final output 240 1s the sum of the outputs of the individual FIRs 202,
204.

While Fig. 2 illustrates two such FIR filters combined 202, 204, those skilled
in the art will readily recogmze that the principle can be extended to any multiple
number of filters. The number of registers needed remains the same, regardless of
whether a single, individual filter or multiple filters are used. Accordingly, non-
adaptive feedback, feedforward equalizers and echo cancellers may be combined to
provide a single output while mimimizing the number of registers.

Nevertheless, a combined FIR filter structure must be fully adaptive so that
each coefficient in the structure 1s updated according to the LMS algorithm.
According to the present invention, the combined FIR filter structure 1s made fully
adaptive using delayed LMS coefficient adaptation. In normal LMS adaptation:

C [k]=C,[k-1] + error{k-1]* o * data[k-1-n],
where the n" coefficient at step k is computed in terms of the error at step [k-1] and
alpha (o) is a negative adaptation factor.

Typically, in high speed applications, the term “o * error[k-1]" i1s reduced to a
small fixed precision number, e.g., 3 bits, such that the adaptation hardware 1s
negligible in complexity. In a delayed LMS coetficient adaptation, e.g., with delay d,

C. [k] = C, [k-1] + error[k-1-d]* o * data[k-1-n-d].

In particular, if the delay d is chosen to be “1+length of FIR filter” in the
transverse FIR filter architecture, the adaptation can also be done 1n a similar parallel

transverse structure.

Fig. 3 illustrates Multiple Independent FIR filters for calculating delayed LMS
coefficients 300 for use in the FIR 200 of Fig. 2. In Fig. 3, the computed error 366 is

CA 02284989 1999-09-24
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fed into a register chain 340-344. For purpose of illustration. a three register chain
340-344 1s shown in Fig. 3. However, those skilled in the art will recognize that the
length of the register chain 340-344 is selected so that the coefficients 320-324. 390-
394 correspond to the coefficients 220-224,290-294in Fig. 2. In actuality. the filters
302, 304 are extended to calculate coefficients factors for coefficients 320-322. 390-
392. The computed error 366 1s fed into the register chain 340-344 to achieve the
proper correlation of the error and the data term 306. 308. The coefficients 320-324

390-394 of the two adaptive filters 302, 304 are then updated simultaneously using

the output of the error register chain 340-344 and delaved versions (“datal [k-1-d]™) of

the original data streams 306, 308. The updated coefficients 320-324, 390-391 are
then used to corresponding coefficients 20-224,290-294 in the filter 200 of Fig. 2 to
form the next output 250.

In summary, the combination of all necessary adaptive filtering functions such
as echo cancellation. feedforward and feedback equalization 1n a single repeatable
macro-tap with minimum number of pipeline registers are integrated into a combined
transverse FIR filter architecture. The inherent hardware advantages of the transverse
FIR architecture facilitates the adaptation modifications thereby resulting in these
benefits. The adaptation method also makes use of the transverse FIR filter
architecture in a parallel fashion. This results in an extensible minimum latency
architecture and is thus useful in applications such as Ethernet where the overall
latencyv of the svstem 1s a major consideration.

The use of a transverse FIR filter architecture provides commonality for
multiplier precoding functions and thus reduces hardware requirements. The
combination of feedforward, feedback equalization and echo cancellation in a single
repeatable macro-tap also eases the implementation of the architecture on silicon. The
inherent minimum latency nature of the architecture meets a cnitical need in
applications such as Gigabit Ethemmet or Fast Ethernet where the overall latency of the
system 1s a major consideration.

The foregoing description of the exemplary embodiment of the invention has
been presented for the purposes of illustration and description. It is not intended to be
exhaustive or to limit the invention to the precise form disclosed. Many modifications
and variations are possible in light of the above teaching. It 1s intended that the scope

of the invention be limited not with this detailed description, but rather by the claims
appended hereto.
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WHAT IS CLAIMED |S:

1. A combined, parallel adaptive equalizer/echo canceller,
comprising:

a plurality of transverse finite impulse response filters (202, 204), each
filter receiving an input signal (206, 208) and providing n tap signals to n
multipliers (210-218), wherein each multiplier provides a tap output signal (270)
resulting from the product of the tap signals and a tap coefficient (220-226);

an iterative pipeline, coupled to the plurality of filters, the iterative
pipeline comprising n-1 registers (240-246) having an input and an output and n
adders (230-238), wherein each of the n-1 registers is disposed between two of
the n adders with the output of the registers being passed to an input of a next
one of the adders in the iterative pipeline, each of the n adders having a first set
of inputs for receiving tap output signals from each of the plurality of transverse
finite impulse response filters and a second input for receiving the output of one
of the n-1 registers, the n adders providing a sum signal representing a sum of
the received tap output signals from each of the plurality of transverse finite
iImpulse response filters and the output of one of the n-1 registers; and

a coefficient processor (300), coupled to the filters, for calculating
updated tap coefficients, the update tap coefficients caliculated using an error
signal (366) and delayed versions of the input signal (306, 308).

2. The combined, parallel adaptive equalizer/echo canceller of claim

1 wherein a first tap output (270) is received by the pipeline one cycle before an
output signal (250).

3. The combined, parallel adaptive equalizer/echo canceller of claim

1 wherein the error signal comprises a product of a calculated error and a
negative adaptation factor.
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4. The combined, parallel adaptive equalizer/echo canceller of claim
3 wherein the delay is equal to a sum of one cycle and a length of the at least
one transverse finite impulse response filter.

5. The combined, parallel adaptive equalizer/echo canceller of claim
1 wherein the delay is equal to a sum of one cycle and a length of the at least
one transverse finite impulse response filter.

6. A method of providing parallel adaptive equalization and echo
cancellation, comprising the steps of: '

receiving input signals (206-208) at a plurality of transverse finite
impulse filters (202-204);

splitting the input signals at each transverse finite impulse filter into a
plurality of tap signhals;

multiplying (210-218) each of the tap signals for each transverse finite
impulse filter by a tap coefficient (220-228) to produce a tap output signal;

receiving the tap output signals from the plurality of transverse finite
impulse filters at adders (230-238) in an iterative pipeline,

providing a sum signal from the adders representing the sum of the
received tap output sighals and an output from one of a plurality of registers
(240-246) having an input and an output, the input of each register being
coupled to an output of an adder and the output of each register bring passed to
an input of a next one of the adders in a pipeline manner according to a next
cycle; and

calculating updated tap coefficients using a coefficient processor (300),
the update tap coefficients calculated using an error signal (366) and delayed
versions of the input sighal (306, 308).

7. The method of claim 6 wherein the error signal comprises a
product of a calculated error and a negative adaptation factor.

8. The method of claim 7 wherein the delay is equal to a sum of n-1
cycles.
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