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ASYNCHRONOUS DIGITAL SIGNAL
COMBINER AND METHOD OF COMBINING
ASYNCHRONOUS DIGITAL SIGNALS IN
CABLE TELEVISION RETURN PATH

The present application claims priority to, under 35
U.S.C. 119(e), U.S. Provisional Patent Application bearing
Ser. No. 60/358,556, filed Feb. 19, 2002, which is incorpo-
rated herein by reference.

BRIEF DESCRIPTION OF THE INVENTION

The present invention pertains generally to cable televi-
sion systems (CATV). More specifically, the present inven-
tion pertains to an asynchronous digital return combiner for
a CATV return path.

BACKGROUND OF THE INVENTION

Cable television systems (CATV) were initially deployed
so that remotely located communities were allowed to place
areceiver on a hilltop and to use coaxial cable and amplifiers
to distribute received signals down to the town that other-
wise had poor signal reception. These early systems brought
the signal down from the antennas to a “head end” and then
distributed the signals out from this point. Since the purpose
was to distribute television channels throughout a commu-
nity, the systems were designed to be one-way and did not
have the capability to take information back from subscrib-
ers to the head end.

Over time, it was realized that the basic system infra-
structure could be made to operate two-way with the addi-
tion of some new components. Two-way CATV was used for
many years to carry back some locally generated video
programming to the head end where it could be up-con-
verted to a carrier frequency compatible with the normal
television channels.

Definitions for CATV systems today call the normal
broadcast direction from the head end to the subscribers the
“forward path” and the direction from the subscribers back
to the head end the “return path.” A good review of much of
today’s existing return path technology is contained in the
book entitled Return Systems for Hybrid Fiber Coax Cable
TV Networks by Donald Raskin and Dean Stoneback, hereby
incorporated by reference as background information.

One innovation, which has become pervasive throughout
the CATV industry over the past decade, is the introduction
of fiber optics technology. Optical links have been used to
break up the original tree and branch architecture of most
CATV systems and to replace that with an architecture
labeled Hybrid Fiber/Coax (HFC). In this approach, optical
fibers connect the head end of the system to neighborhood
nodes, and coaxial cables are used to connect the neighbor-
hood nodes to homes, businesses and the like in a small
geographical area.

FIG. 1 shows the architecture of a HFC cable television
system. Television programming and data from external
sources are sent to the customers over the “forward path.”
Television signals and data are sent from a head end 10 to
multiple hubs 12 over optical links 11. At each hub 12, data
is sent to multiple nodes 14 over optical links 13. At each
node 14, the optical signals are converted to electrical
signals and sent to customers over a coaxial cable 15 in the
frequency range of 55 to 850 MHz.

Data or television programming from the customer to
external destinations, also known as return signals or return
data, are sent over the “return path.” From the customer to
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the node, return signals are sent over the coaxial cable 15 in
the frequency range of 5 to 42 MHz in the U.S. At the nodes
14, the return signals are converted to optical signals and
sent to the hub 12. The hub combines signals from multiple
nodes 14 and sends the combined signals to the head end 10.

FIG. 2 is a block diagram of the return path portions of a
conventional HFC system. Analog return signals are routed
over coaxial cables 15 to nodes 14 where the signals are
converted by analog to digital (A/D) converters 142 to
digital return signals. The digital return signals are trans-
mitted over digital optical links to a hub 12. The sample rate
of each digital return signal is determined independently. A
typical sample rate is approximately 100 MHz, but it varies
from node to node.

The hub 12 receives digital return signals from two or
more (any typically many) nodes 14. In a typical system
there are fewer fiber links to the head end than there are fiber
links coming from the nodes. Accordingly, the signals from
multiple nodes must be combined. But these digital return
signals, which are asynchronous, cannot be summed
directly. Thus, the digital return signals are converted to
analog format by Digital Receivers with Analog Outputs
122. Then, the analog return signals are summed by an
Analog Summer 124. The summed signal is converted back
to a combined digital return signal by AID converter 126 for
transmission to the head end 10 via an optical link.

A more detailed block diagram of a conventional hub 12
is illustrated by FIG. 3. As shown, the hub 12 receives digital
return signals from multiple nodes 14. Each of the digital
return signals is converted into an analog signal by a
respective digital-to-analog (D/A) converter 132. Because
each digital return signal can have a different sample rate,
the hub 12 includes a separate clock recovery circuit 130 for
each input signal to generate a recovered clock signal that is
used to drive the D/A converter 132. The output of the D/A
converter 132 is filtered by an analog filter 134 to remove
aliasing artifacts. The Analog Summer 124 then sums mul-
tiple signals. After summation the summed signal is con-
verted back to digital signals by an A/D converter 126 for
transport to the head end. The A/D converter 126 is driven
by an output sample clock, operating at an output sample
rate that is typically close to but not identical to the sample
rates of the digital signals received from the nodes 14.

The conversion from digital signals to analog signals and
back to digital signals is an indirect and contrived process.
High-speed digital-to-analog converters and analog-to-digi-
tal converters are expensive and add significant cost bases to
the HFC equipment. Furthermore, precision errors are inevi-
tably introduced during the conversions.

Accordingly, what is needed is a device for and a method
of combining multiple digital return signals in a CATV
return path without requiring multiple analog/digital con-
versions.

SUMMARY OF THE INVENTION

In an asynchronous digital signal combiner, input samples
from multiple nodes are interpolated digitally to a common
sample rate that is defined by a single frequency source. The
interpolated samples, which are synchronous, are digitally
summed. Because the asynchronous digital summer of the
present embodiment does not require A/D converters, D/A
converters and analog summers, it is smaller, costs less and
consumes less power than conventional signal combiners.

The asynchronous digital signal combiner includes a
plurality of signal receivers for receiving digital data
streams, a clock source, a set of asynchronous dual-rate
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filters and a digital summer. Each digital data stream con-
tains a sequence of digital data values that may be asyn-
chronous with respect to at least one of the other digital data
streams. A clock source generates a common output clock
signal having a common output sample rate.

The asynchronous dual-rate filters are coupled to the
signal receivers and the clock source. Each asynchronous
dual-rate filter receives a respective digital data stream at a
respective input sample clock rate and generates a respective
interpolated sequence of digital output samples, which are
sampled at the common output sample rate. Thus, outputs of
the asynchronous dual-rate filters are synchronous. Finally,
the digital summer digitally sums the outputs of the asyn-
chronous dual-rate filters so as to generate a sequence of
summed digital signals at the common output sample rate.

BRIEF DESCRIPTION OF THE DRAWINGS

These and other aspects of the present invention will be
more readily apparent from the following description and
appended claims when taken in conjunction with the accom-
panying drawings, in which:

FIG. 1 shows the architecture of a cable television system;

FIG. 2 is a block diagram of a cable television (CATV)
digital return path of the prior art;

FIG. 3 is a block diagram of a hub of the prior art;

FIG. 4 is illustrates nodes coupled to a hub having an
asynchronous digital return signal combiner according to an
embodiment of the present invention;

FIG. 5 is a block diagram of an asynchronous digital
return signal combiner according to an embodiment of the
present invention;

FIG. 6 is a block diagram of a synchronous dual-rate
filter;

FIG. 7 is a block diagram an asynchronous dual-rate filter
according to one embodiment of the present invention;

FIG. 8 is a flow chart of a control method of the asyn-
chronous dual-rate filter of FIG. 7; and

FIG. 9 is a block diagram of circuitry for generating a
coeflicient index and a coefficient index addend, Aindex, in
one embodiment of the present invention.

DESCRIPTION OF PREFERRED
EMBODIMENTS

Preferred embodiments of the invention are described
below. In the interest of clarity, not all features of an actual
implementation are described. It will be appreciated that in
the development of any such embodiment, numerous imple-
mentation-specific decisions must be made to achieve the
developers’ specific goals, such as compliance with system-
related and business-related constraints, which will vary
from one implementation to another. Moreover, it will be
appreciated that such a development effort might be com-
plex and time-consuming, but would nevertheless be a
routine undertaking for those of ordinary skill in the art
having the benefit of this disclosure.

FIG. 4 depicts a portion of a Hybrid Fiber Coaxial CATV
Return Path System according to an embodiment of the
present invention. Multiple analog return signals from the
customers are received, for instance, via co-axial cables by
nodes 14. At the nodes 14, these analog return signals are
converted to digital return signal(s) and sent to the hub 201.
The sample rate of the digital return signals is approximately
100 MHz in one embodiment (a wide range of other sample
rates may be used in other embodiments), but the digital
return signals are asynchronous with respect to each other.
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More generally, each of the digital return signals is asyn-
chronous with respect to at least one of the other digital
return signals. This asynchronicity is brought about because
the sample rate and clock phase of each respective digital
return signal is determined by a clock source in an individual
node, whose frequency and phase will inevitably vary from
the frequency and phase of the clock sources in the other
nodes by at least a small amount.

As shown in FIG. 4, the hub 201 has fewer output fiber
links to the head end than there are input fibers coming from
the nodes. Thus, the hub 201 needs to combine the asyn-
chronous digital return signals. But digitally summing the
asynchronous digital return signals is problematic. For
instance, if these asynchronous signals are summed regard-
less of their sample rates, it will be impossible to restore
them accurately at the head end. A conventional solution is
to convert the asynchronous digital return signals to analog
signals, subsequently summing the analog signals and con-
verting the summed analog signal back to digital signals for
optical transmission.

Unlike prior art combiners, the digital return signal com-
biner 202 of the hub 201 of the present invention combines
the asynchronous digital return signals without converting
the asynchronous digital return signals to analog signals.
The signal combiner 202 interpolates the asynchronous
digital return signals to a common sample rate. The common
sample rate is the frequency of an output sample clock signal
generated by a clock generator 204. The interpolated digital
return signals are synchronous and are summed digitally
with a high degree accuracy by the digital signal combiner
202 to produce a sequence of combined digital signals at the
rate of the output sample clock signal.

To avoid the resulting combined digital signal from being
“clipped” when the amplitude of the summed signal exceeds
the maximum value that can be represented within each of
the received digital return signals, the digital signal com-
biner 202 may produce digital signals having a larger
number of bits per sample than the samples in the digital
return signals received from the nodes 14. For instance, if
four digital return signals, each having 10-bits per sample,
are combined by the combiner 202, the combiner 202 may
be configured to generate 12-bit combined digital signals.
Alternately, the combiner 202 may be configured to inter-
nally generate summed signals having more bits than the
samples in the digital return signals received from the nodes,
but to output only the N most significant bits per summed
signal, where N is the number of bits per sample in the
digital return signals. In yet other embodiments, other
mechanisms may be used to prevent clipping of the com-
bined digital signals generated by the combiner 202.

Digital Signal Combiner

FIG. 5 is a block diagram of the digital return signal
combiner 202 according to an embodiment of the present
invention. Multiple digital return signals with different
sample rates are received by the combiner 202. Each digital
return signal is processed by a digital asynchronous dual rate
filter 302. In particular, the asynchronous filter 302 converts
the digital return signals at their respective input sample
rates to re-clocked signals at a Common Output Sample
Rate. These re-clocked signals, which are now synchronous,
are then added by a synchronous digital adder 304 to form
a summed digital signal. In other words, the output signal
samples are the sum of the input samples adjusted to the
Common Output Sample Rate. The summed digital signal is
provided then to a serialization circuit 206 (FIG. 4), such as
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a SERDES circuit, and an optical transmitter 208 to be
serialized and then transmitted to the head end 10. The
summing of the asynchronous digital return signals is
achieved without digital-to-analog or analog-to-digital con-
versions. Thus, disadvantages of the prior art analog com-
biners are avoided.

In one particular embodiment, the asynchronous dual-rate
filter 302 is constructed based on a synchronous dual-rate
filter design. Typical synchronous dual-rate filters are imple-
mented using finite impulse response (FIR) digital filters.
For a sample period of T and an FIR filter having G
coeflicients (i.e., G potentially non-zero coefficients), h, the
output x,; with input y, at sample time n*T is:

G-1
x(n+T) = Z ys((n = )= Th(i=T)
=0

The impulse response of the FIR filter is required only at
discrete times and the summation interval is limited to G
coeflicients.

An output of the FIR filter at a time between the sample
points, at time n*T+d with 0<T is:

G-1
Xs(nx T +0) = Zyx((n— D Dh(i*T +8)
=0

Note that the filter coefficients h are functions of d.
Particularly, when data is interpolated to M points within
each T interval, M sets of coeflicients are used. That is, each
interpolation point within each T interval requires its own set
of filter coefficients. Thus, the synchronous dual-rate filter
302 needs M sets of interpolation coeflicients. At each
output time, G multiply-and-accumulate operations are per-
formed using the set of coefficients corresponding to that
interpolation point. Thus, the synchronous dual-rate filter
302 needs G coefficients for each set. With M coefficient sets
and G coefficients within each set, the filter needs to store a
total of M*G coefficients in its memory.

Synchronous Dual-Rate Filter

A synchronous dual-rate filter 402 is shown in FIG. 6. The
input samples are received and temporarily stored in a
Sample FIFO (first in first out) buffer 415. From the Sample
FIFO 415, input samples are loaded into a sample memory
410 used to compute a next output sample. The sample
memory 410 is typically a shift register that presents G of its
internally stored values to an FIR filter, implemented in a
preferred embodiment with a multiply and accumulate
matrix 430.

M sets of interpolation coefficients, described above, are
stored in a coefficient storage array 420. The coefficient set
associated with an output time at the desired time is selected
and used to compute the output. The number of coeflicient
sets in the synchronous dual-rate filter is selected to provide
the desired accuracy of the output signal. “Synchronous”
implies that the input and output rate are a ratio of integers
N/M. The number of coefficient sets is M. Consecutive
output samples are computed using an increase in the
coeflicient set index of N mod M.

Selection of the coefficient set to be used to compute a
next output sample is accomplished by coefficient set selec-
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tion logic 440. The coefficient set selection logic generates
a new coeflicient index, for selecting a coefficient set, each
time that a new output sample is generated and written to an
Output FIFO buffer 470. As indicated above, each coeffi-
cient set has G coefficients. The currently selected set of G
coeflicients are received by the multiply and accumulate
matrix 430, which multiplies G successive input samples by
the selected set of G coeflicients and then sums the results
to produce a new output sample, which is written into the
output buffer 470.

G-1
OuiputSample = Z (InputSample ((n — i) = T)) X Coefficients,;, ;50 (D
i=0

In a synchronous dual rate filter, the computation of a next
coeflicient index is accomplished by adding a fixed number,
Alndex, to the index. The fixed number, Alndex, is a function
of the ratio, f, of the output sample time to the input sample
time, and the number of coefficients in the coefficient storage
420. The fixed number, which can include a fractional
portion, is added to a master index value, Index, and then the
Coeflicient Selection is set to an integer corresponding to the
index value. Preferably the Coefficient Selection is set to
either (A) the integer portion of the Index, or (B) the integer
closest in value to Index.

output cycle duration

~ sample cycle duration ~ output rate

sample rate N

M

Alndex=f<xM=N
Index=(Index+AIndex)Modulo M

Coeflicient Select=Closest Integer(Index)

For instance, if the duration of an output sample is 10.1
nanoseconds and the duration of an input sample is 10.0
nanoseconds, then f=1.01 (e.g., a ratio of 101 to 100), and if
M=100, then Alndex=101. In effect, the Index is increased
by 1 (i.e., Alndex modulo M) for each successive output
sample, and the Coefficient Selection is a corresponding
integer index value. This makes intuitive sense because the
output clock cycle (sample duration) is longer than the input
clock cycle, which indicates that the index should keep
advancing so as to produce an interpolation at increasing
phase relative to the phase of the input samples.

If the output sample duration is similar to but smaller than
the input sample duration (i.e., the output clock is running
faster than the input clock), then the Coefficient Selection
value will continuously decrease at a rate of M-Alndex. If
the output sample duration and input sample duration are
significantly different, the Coeflicient Selection value will
advance in larger steps than if the output sample duration
and input sample duration differ by only a small amount.

Ifthe output of the filter 402 is not required at each sample
time, the output can be computed only when needed. This
process is referred to as decimation. For synchronous deci-
mation, the filter output is computed at a sub-multiple, 1/L.
for example, of the Common Output Sample Rate, where L.
is an integer. That is, outputs are computed every L. samples.
Each output requires G multiply-and-accumulate operations,
but outputs can be at the 1/L rate.

Both the interpolation and the decimation processes are
combined preferably into a single process to allow an output
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rate of M/L times the sample frequency. The filter 402 is
designed with M coefficient sets. Each time an output
sample is computed, [*Alndex is added to the Index,
modulo M, and then the corresponding integer value is used
as the Coefficient Selection. Furthermore, if M is selected to
correspond to the least common multiple of two integers that
define the ratio, f, of the output sample duration to the input
sample duration, then Alndex will be an integer, further
simplifying the coefficient set selection logic, by eliminating
the need to keep track of the fractional portion of the
coeflicient Index.

It is noted here that the Sample FIFO 415 and Output
FIFO 470 are optional in a synchronous dual-rate filter, as
input data could potentially be written directly into the
sample memory 410 and output samples could potentially be
read directly from the multiple and accumulate matrix 430.
However, depending on the ratio of output to input sample
durations, directly writing input samples and directly read-
ing output samples may not be compatible with the time
required for the multiple and accumulate matrix 430 to
compute each output sample, especially if the data rate of the
samples is high (e.g., 1 billion samples per second). There-
fore use of at least a Sample FIFO 415 is preferred.

Asynchronous Dual-Rate Filter

The asynchronous dual-rate filter used in the present
invention, shown in FIG. 7, is an extension of the synchro-
nous dual-rate filter of FIG. 6. In a synchronous dual rate
filter, the ratio of output sample duration to input sample
duration, f, is a ratio of integers and is constant (i.e., it does
not change with time). Because of these properties, the
coeflicient selection logic of a synchronous filter can be
optimized for a particular ratio of output and input sample
rates (also called clock rates) and there is no need to monitor
for changes in the output and/or input sample rates. In an
asynchronous dual rate filter, the ratio of output sample
duration to input sample duration, f, may not be a ratio of
integers and may change with time. In this embodiment, the
dual-rate asynchronous filter 302 is the same as the dual-rate
synchronous filter 402 of FIG. 6, except for some additional
logic used to dynamically generate the ratio of output
sample duration to input sample duration, f, based on the
fullness levels of the Sample FIFO 415 and Output FIFO
470.

With reference to FIG. 7, input samples are placed into the
Sample FIFO 415 at the sample rate. The long term rate of
removal of samples for the Sample FIFO 415 is equal to the
input sample rate, but has short term variations. The dual-
rate filter 302 computes output samples at the output rate
with short term variations with time. The output samples are
placed in the Output FIFO 470 and removed at the output
sample rate. The asynchronous dual-rate filter 302 maintains
computational values for the input and output sample inter-
vals. The values are different, by small amounts, from the
actual sample and output intervals. As a result the number of
samples in the FIFO’s 415, 470 changes from a nominal half
full value. The Sample FIFO Depth value and the Output
Sample FIFO Depth value are used by the Sample Rate
Control logic 550 and the Output Rate Control logic 540 to
adjust the computational values of rates used in the filter
302.

More specifically, the Sample Rate Control Logic 550 and
includes a Numerically Controlled Oscillator (NCO), which
is used to generate the Sample Read clock signal. The NCO
is configured to have a center frequency equal to the
nominal, expected frequency of the input samples (e.g., 100
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MHz). The NCO responds to a clock adjusting signal by
varying its frequency. If the rate of the Sample Read clock
signal is faster than the rate at which samples are being
received, then the Sample FIFO 415 will become less than
half full, at first intermittently and then consistently. When
a clock speed adjusting circuit within the Logic 550 deter-
mines that the Sample FIFO 415 is less than half full (or
more generally, less than a threshold level of fullness), the
clock adjusting signal decreases the NCO frequency by a
small amount. Similarly, when the clock speed adjusting
circuit within the Logic 550 determines that the Sample
FIFO 415 is more than half full (or more generally, more
than a threshold level of fullness), the clock adjusting signal
increases the frequency of the NCO by a small amount. The
rate of the Sample Read clock signal generated by the NCO
is adjusted until it is roughly in balance with the rate at
which samples are received from a transmitting device.

The Output Rate Control logic 540 also contains a NCO
in this case responsive to the fullness level of the Output
FIFO 470. The Output Rate Control logic 540 generates the
Output Write clock signal. Note that the Output Read clock
signal is not controlled by the Output Rate Control logic
540. In a preferred embodiment, a common clock signal
(Common Output Sample Rate) is used among multiple
asynchronous dual-rate filters 302 as the Output Read clock
such that the output samples are synchronous and such that
the output samples can be summed by the digital summer
304.

In addition to generating the Sample Read and Output
Write clock signals, the clock speed adjusting circuits within
the Logic 550 and Logic 540 each generate a digital value
suitable for adjusting the ratio value fused by the Coefficient
Set Selection Logic 440. In a preferred embodiment, the
digital values generated by Logic 550 and Logic 540 are
configured so that when these two values are added, the
resulting value is the Alndex value (i.e., f*M) required for
updating the coefficient index.

One implementation of the circuitry for generating
Alndex and for generating coefficient index values is shown
in FIG. 9. Tt should be noted that this is an exemplary
implementation, and that many modifications to this circuit
as well other equivalent circuits could be used in other
embodiments. A first digital summer 902, which may be
located in either the Input Sample Rate Control Logic 550 or
in the Coeflicient Set Selection Logic 440, is updated at the
same time that input clock rate is updated. In particular, if
the input clock sample duration is being decreased because
the input FIFO is too fill, then a fixed value 904 is added to
the previous value output by the first digital summer 902. On
the other hand, if the input clock sample duration is being
increased because the input FIFO is too empty, then the fixed
value 904 is subtracted from the previous value output by the
first digital summer 902.

A second digital summer 912, which may be located in
either the Output Sample Rate Control Logic 540 or in the
Coeflicient Set Selection Logic 440, is updated at the same
time that output clock rate is updated. In particular, if the
output clock sample duration is being decreased because the
output FIFO is too empty, then a fixed value 914 is sub-
tracted from the previous value output by the second digital
summer 912. On the other hand, if the output clock sample
duration is being increased because the output FIFO is too
full, then the fixed value 914 is added to the previous value
output by the second digital summer 912. Preferably, the
input and output clocks are updated at regular, periodic
intervals, such as once every N output clock cycles, where
N is an integer such as 16, 32, 64 or 128.
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A third digital summer 920 sums the outputs of the first
and second digital summers 902, 912 to generate the Alndex
value. A fourth digital summer 922 sums the current index
value with Alndex to generate a next index value each time
that a new output sample is to be computed. Additional logic
924, 926 is used to operate this fourth digital summer 922 as
a “modulo M” summer. In particular, a comparator 924
determines if the index value output by summer 922 exceeds
a predefined threshold value, such as M, and a state machine
926 signals the summer 922 to subtract M from the index
when the index exceeds the predefined threshold value.

The fixed values 904, 914 are configured so that adding or
subtracting this value corresponds to the amount that the
input or output clock rate is being adjusted by the corre-
sponding rate control logic 550 or 540. In addition, the first
and second digital summers 902, 912 are initialized with
values that, when digitally summed, are equal to M (i.e., the
number of coeflicient sets in the coefficient sets memory). As
a result, if the input and output rates are identical, the
coeflicient index will remain at a fixed value. If the input and
output rates vary over time or if they are not identical, the
Alndex value generated by the digital summers 902, 912,
920 will automatically be adjusted at the same time that the
input or output sample clocks are adjusted.

While the Sample Read clock signal may never exactly
match the rate at which samples are received, and while the
Output Write clock signal may never exactly match the rate
at which output samples are removed from the Sample FIFO
and Output FIFO, respectively, the clock speed adjusting
circuits of Logic 550 and Logic 540 permit the system to
dynamically achieve full frequency tracking and locking
between the sending and receiving ends of the asynchronous
dual rate filter. In addition, while the index addend, Alndex,
may never reach a stable value, the running average value of
Alndex will correspond to the running average of the ratio of
the output sample duration to the input sample duration.

Operation of the Asynchronous Dual-Rate Filter

The following is a description of the operation of the
asynchronous dual-rate filter 302 in a preferred embodiment.
To understand the description provided below, it is important
to first understand the terminology used and the definitions
of the quantities being computed. The asynchronous dual-
rate filter 302 keeps track of “time” from the perspective of
the input sample clock domain. In particular, each clock
period of the input sample clock domain has a duration of
“M” units, where M is the number of coefficient sets. Thus,
when time advances by 1 unit, the time has actually
advanced by 1/M cycles of the input sample clock. In
addition, both the index value (for selecting a coefficient set)
and the time are computed “modulo M”. Thus, when the
index value exceeds M, the value M is subtracted from the
index. Similarly, when the computed index is negative, M is
added to the value so as to produce a value between 0 and
M. In one implementation, the Time value is compared with
(1-DM and is decreased by M if Time is not less than
(1-DM. As a result, the value of Time is bounded by the
range —fM to (1-f)M. In that implementation, comparator
924 (FIG. 9) compares the computed index, Q, with (1-H)M
(which is equal to M-Alndex).

Referring to FIG. 8, in one embodiment, the operation of
the asynchronous dual-rate filter 302 preferably includes the
following steps. Prior to the main operation loop, the sample
memory is filled with input samples (step 802). Alternately,
the filter can be operated for G output sample cycles, where
G is the number of coefficients in each coefficient set, so as
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to “prime” the filter for operation. The first G output samples
generated in this manner should be discarded, since they
may be based in part on zero or random sample values stored
in the Sample Memory 410 (FIG. 7) of the asynchronous
dual-rate filter 302.

In a first step of the main operation loop, a new output
sample is computed (step 804). In addition, the Time value
is increased by f*M and the coefficient Index is set equal to
the integer portion of “Time module M”. To control the rate
at which new output samples are generated by the filter, step
804 is synchronized with the output clock of the filter. For
instance, whenever the control loop reached step 804, execu-
tion of step 804 may be delayed until the beginning of the
next output clock cycle. Alternately, the filter may synchro-
nize with the output clock by executing step 804 and then
waiting at the end of step 804 until the beginning of the next
output clock cycle.

Next, at step 806, the filter checks to see if Time is less
than (1-HM. If so (806-Yes), step 804 is executed again,
without loading a new sample into the Sample Memory. If
not (806-No), a new sample is loaded into the Sample
Memory and Time is decreased by M (808). Then, the test
in step 806 is repeated. Execution of Step 808 may be
synchronized with the input sample clock, in addition to or
instead of synchronizing the execution of step 804 with the
output sample clock.

The control method shown in FIG. 8 is equally applicable
to the synchronous dual-rate filter of FIG. 6 and the asyn-
chronous dual-rate filter of FIG. 7. The primary differences
between the two control methods are that the ratio of output
to input sample periods, f, is dynamically updated in the
asynchronous dual-rate filter, and that the rates of the input
and output sample clocks may vary (usually only very
slightly) over time. While the operation of the asynchronous
dual-rate filter has been described primarily from the view-
point of a system in which the input sample and output
sample rates are similar but not identical, the asynchronous
dual-rate filter of FIG. 7 and the control method of FIG. 8 are
also suitable for use when the input sample and output
sample rates differ substantially from each other.

Referring back to FIGS. 4 and 5, each of the parallel input
data channels arriving at the hub node has an asynchronous
dual-rate filter 302 that converts the received data stream
into a data stream having an output sample rate that is the
same as the output sample rate for all the input data
channels. The outputs of the multiple filters 302 are syn-
chronous and are added together by the synchronous digital
adder 304, forming the outputs that are converted by the
optical transmitter 208 into an optical data signal to be
transported over the digital optical link to the head end 10.

To meet the Nyquist criteria, the multiple digital return
signals preferably represent analog signals band-limited to
frequencies of less than Y2 the common sample rate.

Preferred embodiments of the invention and best modes
for carrying out the invention have thus been disclosed.
While the present invention has been described with refer-
ence to a few specific embodiments, the description is
illustrative of the invention and is not to be construed as
limiting the invention. Various modifications may occur to
those skilled in the art without departing from the true spirit
and scope of the invention. It should also be noted that some
embodiments of the present invention described above can
be implemented by hardware logic (e.g., Field Program-
mable Gate Array(s)). In addition, a person skilled in the art
would realize upon reading the present disclosure that
portions of the present invention can be implemented as
computer executable programs executable by a digital signal
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processor. Further, although the embodiments described
above use finite impulse response (FIR) digital filters for rate
conversion, a person skilled in the art would realize upon
reading the present disclosure that other embodiments of the
invention can use infinite impulse response digital filters and
variable time update periods.

What is claimed is:

1. An asynchronous return path signal combiner, com-

prising:
a plurality of signal receivers for receiving a plurality of
digital data streams, each digital data stream compris-
ing a sequence of digital data values received asyn-
chronously at a rate and phase that is asynchronous
with respect to at least one of the other digital data
streams;
a plurality of asynchronous dual-rate filters, coupled to
the plurality of signal receivers, each asynchronous
dual-rate filter receiving a respective digital data stream
of the plurality of digital data streams at a respective
input sample clock rate and generating a respective
interpolated sequence of digital output samples; and
a digital summer coupled to the plurality of asynchronous
dual-rate filters, the digital summer summing the
respective interpolated sequences of digital output
samples from the plurality of asynchronous dual-rate
filters so as to generate a sequence of summed digital
signals at a common output sample rate;
wherein at least one of the asynchronous dual-rate filters
includes:
an input FIFO buffer storing digital data values accord-
ing to an input write clock and outputting stored
digital values to a respective one of the asynchronous
dual-rate filters according to a respective input
sample clock rate;

logic for generating a first fullness signal representing
fullness of the input FIFO buffer;

an output FIFO buffer storing interpolated digital val-
ues according to an output write clock and outputting
the stored interpolated digital values at the common
output sample rate;

logic for generating a second fullness signal represent-
ing fullness of the output FIFO buffer;

logic for adjusting the input read clock according to the
first fullness signal; and

logic for adjusting the output write clock according to the
second fullness signal
a coefficient sets memory for storing a plurality of

distinct sets of interpolation coefficients, each said
set of interpolation coefficients for generating an
output digital signal with a respective distinct phase
relative to the sequence of digital data values in a
respective digital data stream of the plurality of
digital data streams;
an FIR filter for generating each digital output sample
of the respective interpolated sequence of digital
output samples, each digital output sample being
generated in accordance with a coefficient index
identifying a set of interpolation coefficients from
among the plurality of sets of interpolation coeffi-
cients in the coefficient sets memory; and
coefficient selection logic for generating a sequence of
coeflicient indices, for identifying a sequence of coef-
ficient sets to be used by the FIR filter to generate a
corresponding sequence of digital output samples.
2. The asynchronous return path signal combiner of claim
1, wherein the coefficient selection logic comprises:

5
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logic for generating an index addend in accordance with
the first and second fullness signals, and logic for
generating each index in the sequence of coefficient
indices by summing a previous index and the index
addend.

3. The asynchronous return path signal combiner of claim

1, further comprising a clock source for controlling the
common output data rate.

4. A method for digitally combining asynchronous data

10 streams, comprising:
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receiving a plurality of digital data streams, each digital
data stream comprising a sequence of digital data
values received asynchronously at a rate that is asyn-
chronous with respect to at least one of the other digital
data streams;

filtering the plurality of digital data streams to generate a
like plurality of interpolated sequences of digital output
values with a like plurality of FIR filters;

generating a like plurality of synchronous interpolated
sequences of digital output values from the interpolated
sequences of digital output values; and

digitally summing the plurality of synchronous interpo-
lated sequences of digital output values to generate a
sequence of summed digital signals at a common
output sample rate;

buffering the plurality of digital data streams with input
FIFO buffers; and monitoring fullness of the input
FIFO buffers;

buffering the plurality of interpolated sequences of digital
output values with output FIFO buffers;

monitoring fullness of the output FIFO buffers;

adjusting a rate at which digital data values of each of the
plurality of digital data streams are provided to the
asynchronous dual-rate filters according to the fullness
of the input FIFO buffers;

adjusting a rate at which digital output values of each of
the plurality of interpolated sequences are read from the
asynchronous dual-rate filters according to the fullness
of the output FIFO buffers;

storing a plurality of distinct sets of interpolation coeffi-
cients, each said set of interpolation coefficients for
generating an output digital signal with a respective
distinct phase relative to the sequence of digital data
values in a respective digital data stream of the plurality
of digital data streams;

generating each digital output sample of the respective
interpolated sequence of digital output samples, each
digital output sample being generated in accordance
with a coefficient index identifying a set of interpola-
tion coeflicients from among the plurality of distinct
sets of interpolation coefficients in the coefficient sets
memory;

generating a sequence of coeflicient indices; and

identifying a sequence of coeflicient sets to be used by one
of the FIR filters to generate a corresponding sequence
of digital output samples.

5. The method of claim 4, wherein the step of generating

comprises:

generating an index addend in accordance with the first
and second fullness signals, and

generating each index in the sequence of coefficient
indices by summing a previous index and the index
addend.

6. An asynchronous dual-rate filter, comprising:

a FIR filter for receiving a stream of digital values and for
generating an interpolated sequence of digital values;
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an output FIFO for retrieving the interpolated sequence of
digital values from the FIR filter at an output write
sample rate and for outputting the interpolated
sequence of digital values at an output read sample rate;

logic for monitoring a fullness level of the output FIFO;

logic for adjusting the output write sample rate according
to the fullness level of the output FIFO;

logic for adjusting the FIR filter, coupled to the output
FIFO and including logic for computing coefficients for
the FIR filter according to at least in part the fullness
level of the output FIFO;

an input FIFO for providing the stream of digital values
to the FIR filter, the input FIFO storing digital values at
an input write sample rate and outputting the digital
values at an input read sample rate;

logic for monitoring a fullness level of the input FIFO;
and

logic for adjusting the input read sample rate according to
the fullness level of the input FIFO, wherein the logic
for computing comprises logic for computing the coef-
ficients according to at least in part the fullness level of
the input FIFO and the fullness level of the output
FIFO.

7. The asynchronous dual-rate filter of claim 6, wherein

the logic for computing comprises:

an M coefficient sets storage for storing M sets of coet-
ficients; and

a coeflicient selection logic for receiving the sample read
clock and an output write clock and selecting a set of
coefficients from the M coefficient sets storage in
accordance with the sample read clock and output write
clock.

8. The asynchronous dual-rate filter of claim 7, wherein
data is interpolated to M points within a time interval, and
wherein each interpolation point is associated with a respec-
tive one of the M coefficient sets.

9. The asynchronous dual-rate filter of claim 7, wherein
the FIR filter comprises:

a multiply and accumulate matrix that receives the
selected set of coefficients from the coefficient selection
logic; and

a sample memory coupled to the multiply and accumulate
matrix for presenting stored digital values thereto in
parallel.

10. The asynchronous dual-rate filter of claim 9, wherein
the selected set of coefficients, consists of G interpolated
coeflicients, the multiply and accumulate matrix including:

a multiplier that multiplies G successive input samples by
the G interpolated coefficients; and

a summer that sums the results of the multiplier to
produce a new output sample.

11. The asynchronous dual-rate filter of claim 10, wherein
the new output sample is decimated by 1/L, where L is a
positive, non-zero integer.

12. The asynchronous dual-rate filter of claim 11, wherein
interpolation and decimation result in an output rate of MIL
times sample frequency.

13. The asynchronous dual-rate filter of claim 12, wherein
when an output sample is computed, L. times Aindex is added
to the index, modulo M.

14. The asynchronous dual-rate filter of claim 7, wherein
the coeflicient selection logic comprises a new coeflicient
index generator that computes, each time a new output
sample is generated, an index for selecting a set of the M
coeflicient sets.
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15. The asynchronous dual-rate filter of claim 14, wherein
the index is generated at least by adding to a master index
value a number, L/index, that is a function of a ratio of
output sample time to input sample time and M, such that
when the output sample time is smaller than the input sample
time, the index is decreased at a rate of M minus Aindex.

16. An asynchronous return path signal combiner, com-

prising:

a plurality of signal receivers for receiving a plurality of
digital data streams, each digital data stream compris-
ing a sequence of digital data values received asyn-
chronously at a rate and phase that is' asynchronous
with respect to at least one of the other digital data
streams;

a clock source for generating a common output clock
signal having a common output sample rate;

a plurality of asynchronous dual-rate filters, coupled to
the plurality of signal receivers and the clock source,
each asynchronous dual-rate filter receiving a respec-
tive digital data stream of the plurality of digital data
streams at a respective input sample clock rate and
generating a respective interpolated sequence of digital
output samples at the common output sample rate; and

a digital combiner coupled to the plurality of asynchro-
nous dual-rate filters, the combiner summing the
respective interpolated sequences of digital output
samples from the plurality of asynchronous dual-rate
filters so as to generate a sequence of summed digital
signals at the common output sample rate;

wherein at least one of the asynchronous dual-rate filters
includes:

an input FIFO buffer, including logic for generating a
first fullness signal representing fullness of the input
FIFO buffer;

an output FIFO buffer, including logic for generating a
second fullness signal representing fullness of the
output FIFO buffer;

a coeflicient sets memory for storing M distinct sets of
interpolation coefficients, each said set of interpola-
tion coefficients for generating an output digital
signal with a respective distinct phase relative to the
sequence of digital data values in a respective digital
data stream of the plurality of digital data streams;

a FIR filter for generating each digital output sample of
the respective interpolated sequence of digital output
samples, each digital output sample being generated
in accordance with a coeflicient index identifying a
set of interpolation coefficients from among the M
sets of interpolation coefficients in the coefficient
sets memory; and

coeflicient selection logic for generating a sequence of
coeflicient indices, for identifying a sequence of
coeflicient sets to be used by the FIR filter to
generate a corresponding sequence of digital output
samples, including logic for generating an index
addend, Alndex, in accordance with the first and
second fullness signals, and for generating each
index in the sequence of coefficient indices by sum-
ming previous index and the index addend.
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