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Apparatus and method for use with a sampled input signal having an input sampling frequency F, including-M digital filters (106-1
to 106-M), each receiving the input signal (104), each having a respective transfer characteristic hm(n) and each producing a respective
output signal updated at the input sample rate F; each m’th one of the filters updating its output signal in response to a respective m’th phase
of the input sample clock, M = 2. The apparatus and method then combine the output signals of the digital filters to produce a combined
output signal having a sample rate of at least MF;. The apparatus and method may also be viewed as a hybrid digital/analog filter.
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MULTI-PHASE FILTER/DAC

BACKGROUND OF THE INVENTION |

There are competing objectives in most digital
signal processing (DSP) systems which have digital-to-
analog converter (DAC) output stages that re-convert a
digitally processed signal to an analog signal. On the
one hand one wants to keep the SYStem inexpensive and
simple, but on the other hand one wants a high
performance system. To achieve minimal expense~a DSP

}syStem uses as low a data sample rate as possible and

uses as simple an analog re-construction filter as
possible. To achieve higher performance one uses as
high a data ‘sample rate as possible and uses a
relatively complex analog reconstruction filter.  The
higher the data sample rate the less the data high
frequency components will be attenuated by Sin(x)/x
effects and the higher (i.e. easier to filter out) the
sampling alias noise product frequencies will be.
However, higher data sampling frequencies require more
expensive digital circuitry and a higher performance
DAC, both of which contribute to cost. The more

~complex the analog reconstruction filter the more it

can avoid phase and amplitude distortion in the
reconstructed analog signal and the more it can avoid
alias noise product energy contaminating the output-
signal. ‘As a consequence of  the traditibnal
compromises in these factors it is typical that there
wiiiwbe, especially in consumer grade‘applicetions,
noticeable high frequency attenuation and group delay
distortion in the output signal. There will also be
more alies noise product energy in the output than
would be desirable if cost were not a factor. Even

- with  these degradations in performance, the
reconstruction filters still tend to be ‘relatively
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large, expeﬁsive, and awkward to manufacture relative

to the other circuits in a DSP system.
Cdnventionally,‘the problems described above are

addréésed by compromising signal quality = or

compromising economy . The zero sum nature of these

competing goals has not been easily avoided. In

- digital audio systems some benefit has been derived by

using 1-bit DACs operating at very high frequencies.
A 1-bit DAC is a DAC whose digital ihput port is only
one bit wide, and which provides its output as an
oscillating signal having a duty cycle which varies in

response to the input wvalue. Such 1-bit DACs have
allowed much simpler filters to be used, but at the
expense of dramatically more digital circuitry. In

video DSP systems such a solution has not been possible
because the 1 bit DAC would have to operate at such

~high frequencies as to be impractical with low cost

commercial technology.

SUMMARY OF THE INVENTION
The invention described herein can significantly

attenuate the alias noise product energy caused by the

DAC sampling process. Rbughly described, apparatus for
use with a sampled input signal has an input sampling
frequency Fg, the samples of the input signal occurring
in coordination with an input sample clock. The
apparatus includes M digital filters, each receiving
the input signal, each m’th one of the filters having
a respective transfer characteristic' h,[n] and
producing a respective output signal updated at the
input sample rate F,, each m’th one of the filters
updating its output signal in response to a respective
m’th phase of the input sample clock, M = 2. The
apparatus also includes means for combining the output
signals of the digital filters to produce a combined
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output signal having a sample rate of at least MF;. The
means for combining the output filters can perform
linear combinations only (e.g. equally or unequally

lweighted sums), or optionally can include other

functions such as overflow and underflow clamping.

In one aspect of the invention, subsequent to the
normal DSP signal processing, elther a 51ngle' DAC
operating at twice normal frequency (2Fy) or, in a
preferred afchitecture, two DACs each operating at the

normal (traditional method) frequency (F,) are used.

The data samples are interpolated u51ng a very 31mple
c1rcu1t to produce a data sequence with substantially
the same 51gnal content as would be produced by a
traditional DAC method, but at twice the sample rate.

‘The reconstructed analog signal will have alias noise

product energy beginning at approximately twice the
traditional frequency, making it dramatically simpler
to filter out with a . low cost analog reconstruction
filter. Because the filter need not have nearly as
steep a cut-off, it is both cheaper and has less
amplitude and group delay distortion effect on the
analog signal. The alias noise product energy at the
uninterpolated data sample rate F, is highly attenuated
with the exact attenuation dependent on clock duty
cycle.

One embodiment of the present invention violates
traditional DSP thinking by using both edges of the
synchronous DSP system sample clock. Since the signal
to be reconstructed 'need. pass through only a very
simple interpolation circuit there does not need to be
the stringent clock usage rules as are used in the
primary DSP circuitry. It is poSsible to design an
interpolation circuit which requires no further signal
proceseing of the data from the point where
counterphase @ clocked operation begins (e.g. a
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sYnchronous DSP system using the positive clock edge

passes data into a register which feeds directly into
. a register clocked with the negative clock edge, with

no gates in between the registers). 1In the optimum

situation the clock will have a 50% duty cycle, in
which case each double frequency conversion of the
DAC(s) will be of identical duration. As the duty
cycle is distorted from 50%, the attenuation of the
alias noise product energy at F, diminishes but still

remains significant. The invention does not require a

higher frequency system clock, which may not be
conveniently available in some DSP systems. The
preferred two DAC embodiment instead uses both phases

of the normal frequency clock.

In the case of the single DAC implementation the
DAC is similar to that which would be used in a
traditional DSP output architecture, except that where
the F; clock has a 50% duty cycle, the DAC should be
constructed to be able to operate at 2F,. If the sample
rate clock or the circuitry which processes it into a
double rate clock causes unequal sample durations at

~the DAC (e.g. the clock dUty cycle deviates from 50%),

the DAC should be constructed to be able to dperate at
a higher conversion rate corresponding to the minimum

'F, half-cycle sample duration.

In the case of multiple- (typically two-) DAC
implementations each DAC is typically of lesser full
scale current than would be used in a traditional

‘architecture. In cases ‘where the interpolation
function requires negative 'impulse responSé
characteristics (e.g. the negative lobes of a Sin(x)/x
interpolator), some DACs may have their polarities

reversed. In a preferred implementation of the two-DAC
architecture the full scale current of the DACS are
exactly one half that of a DAC in a comparable
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traditional architecture. ' This suggests that there is
viftually no penalty in integrated circuit chipkarea'in
such embodiments since half full scale current DACs are
approximately one half size owing to their use of
transistors which are half as big (since transistor
current carrying capacity is approximately'prqportional,
to transistor size). Because the multiple-DAC
architectures use smaller full scale DAC currents their
transition "glitch" energies are half as great and
occur at two or more times the frequency as in
traditional architectures. This makes glitch energies
easier to filter out and subject to better statistical
avéraging of glitch integral energy. Because the DACS
in a multiple-DAC architecture transition at different
times and are smaller than normal, the power supply
switching noisekmodulation is reduced.

The cdnversion rate for each DAC in the multiple-
DAC architecture is the same as for traditional

- methods, the system clock freqﬁency F,. With'more'than

one clock phase (typically two, although linear phaser
shifting of the clock can produce more than two clock
phases for more complex interpclation‘ transfer
functions), the individual DAC conversion rates remain

constant, with DAC conversion states overlapping those

of other DACs. ;

' In multiple-DAC architectures the interpolator can
have a larger number of effective taps than DACS by
digitally summing and using a single DAC for those
quantities which would otherwise be clocked with the

~same clock phase and separate DACs. This method, for

instance, allows a three-tap interpolator transfer .
function to use only two DACs in the preferred
embodiment. -

In the case of a preferred two-DAC 25 MHz sampling
rate video DSP system embodiment, the traditional
three- to seven-pole passive reconstruction filtef
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using precision inductors, capacitors, and resistors

can. be replaced by a single wide tolerance capacitor

and the load resistance forming a single pole analog RC
filter. The group delay distortion of the traditional

- filter, manifested as "ringing" at high amplitude

abrupt signal transitions, is eliminated by the hybrid
digital and analog finite impulse response (FIR) filter
method and single pole RC analog low-pass filter used
in the described embodiment.

BRIEF DESCRIPTION OF THE DRAWINGS ’
The invention will be described with respect to

particular embodiments thereof and reference will be
made to the drawings, in which:

Figs. 1, 6 and 8 are functional block diagrams of
apparatus according to the invention;

- Fig. 2 is a block diagram of a simple filter/DAC
system incorporating the invention;

Fig. 3 is a timing diagram illustrating the values
which will be present at various points in the system
of Fig. 2 in response to certain input values;

- Fig. 4 is a frequency domain plot of the filter
output for different duty cycles in Fig. 2; and

Fig. 5 is a frequency domain plot of the final
system output of the system of Fig. 2;

Fig. 7 is a functional block diagram of a filter
shown in Fig. 1;

Fig. 9 is a functional block dlagram of an
implementation of the filter shown in Fig. 8; and

Flg 10 is a logic diagram of an implementation of
the clock generator of Fig. 8.

DETATLED DESCRIPTION
In the past, DACs have traditionally been
inflexible "scarce resources" which had to be used

sparingly.  Because they were relatively expensive
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there was little incentive to use two when one would
suffice. It has, historically, been cheaper to buy more
expensive filters than multiple DACs. The invention

vrecognizes, however, that with the advent of advanced

integrated circuit technology this paradlgm no longer
holds true. It is virtually the same system cost to
use two DACs’fabricated to have half the full scale
current as it is to have a single full-scale current
DAC. The desire is to minimize total system cost, and
this typically means minimizing component count. By
integrating a solution to DSP reconstruction on an
integrated circuit, it is possible to remove multiple
discrete components that would traditionally be
associated with a DSP DAC. This is more economical at
a system level. The fact that it can dramatlcally
improve performance 1s so much the better.

Aspects of the invention use counterphase (i.e.
both rising and falling transition) clocking in ‘a
synchronous system, While counterphase clocklng has
been used in certain specialized applications, for
example in order to generate fine timing gradations for
the control of dynamic random access memory (DRAM) ,

this would be a formula for race condition disasters if

it were used in the middle of most DSP systems. Used
at the output of the system, however, there is no
system throughput degradation (with the p0331ble
exceptlon that a single DAC embodiment must accommodate
a conversion speed dictated by the shortest half cycle
of the system clock). The counter- intuitive use of the
system clock in an unconventional manner can be
tolerated when no digital circuitry synchronous to the
standard clock edge need process data which is produced
in response to the opposite clock edge. ,

Fig. 1 is a functional block diagram of apparatus
accordlng to the invention. It comprises an 1n1t1a1
filter 100 (hav1ng an impulse response I%[n]) whlch
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 réceives the digital output of prior circuitry over a

bus 102 at a sampling rate F,. In a particular
embodiment, filter 100 may constitute a mere
passthrdugh; it is included in Fig. 1 merely to
indicate that the overall filter/DAC systemfmay include
common filtering functions prior to being split up into

different clock phases.

The output of filter 100 is provided over a bus
104 to the data input ports of M further filters 106-1,
106-2...106-M (collectively 106). Each m’'th one of the
filters 106-m has an impulse response h_[n].

The output of each of the filters 106-m is
provided to the digital inpﬁt port of a respective DAC
108-m (collectively 108), the analdg outputs of which
are multiplied by a respective weight K, by a
respective analog multiplier 109-m (collectively 109).
The multiplier 109 outputs are summed by a summer 110
and provided to an output reconstruction filter 112.
If the multiplier 109 outputs are in the form of
current level outputs, for example, the summer 110 can
be simply a current summing node. The reconstruction

filter 112 has a transfer function h, and its output
-forms the output of the system of Fig. 1. Note that
~each of the DACs 108-m can also include a respective
‘reference input, and these reference inputs can

implement the analog multiplication shown in the Figure
as being performed by multipliers 109 . The DACs 108
conventionally multiply the value on the reference
inputs by the digital input values in order to produce
their analog output values. Note further that the

“values of the K, can be made variable, as for adaptive

~filtering applications.

The filter 100 is clocked with a system clock
signal ¢,. The clock signal ¢; has alternating rising

and falling clock edge transitions, one of which is
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considered to be an "effective” edge. For convenience,
the effective edge of the clock signal ¢o is considered
herein to be the rising edge; but it will be
appreciated that other embodiments can use the falling
edge of a clock signal as the effective edge. The
rising edge of ¢, is considered to be the effective edge
because the prior circuitry 'updates its’ output in

- response to each of such rising edges, and because the

prior circuitry is designed in such a manner that each‘
sample arriving on bus 102 is valid by the time the
next rising edge of ¢, occurs and is held for a minimum

‘"hold" time subsequent to the effective edge ofk¢0.,The

clock ¢, has the same frequency as the input sample
frequency F,. | ' |
Each of the filters 106-m are clocked by
respective clock phase signals ¢n, ‘@as are their
respective DACS 108-m. The clocked DACs illustrated
herein are merely flash DACs (which are unclocked)
preceded by a clocked fegister; Note that -if flash
DACs are used without the preceding register, such DACs
obviously would not need to receivevany clock phase.
The clock phase signals ¢y, are generated by a clock
phase generator 114 which divides the 1nput clock
signal ¢, into M‘phases "For example, a conventional

Pphase lock loop-based circuit can produce these phases.
Clock signal ¢; often can be identical to the input

clock signal ¢, possibly but for a slight time shift
introduced by the clock phase generator 114. The clock
phases ¢, preferably divide each cleck period equally,
but this is not essential. For example, where M = 2,
$; may be ¢, identically and the rising edges of ¢, may
be produced merely in response to each falling edge of -

$o-
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Each of the clock phases ¢, operate at frequency
Fs, so none of the filters 106 need operate at a higher
frequency than F,. The DACs 108 also ordinarily need

‘not operate at a higher fréquency than F,.

~ While it is possible to describe the impulse
response h [n] of each of the filters 106 as the
sequence of output samples occurring at a rate F,, it is
more convenient to describe such impulse responses as
the sequence'of output samples measured at a rate MF,.
Typically each output sample will then be indicated as
repeating M times, but representing them,at‘MFspermits

- the offset between the clock phases ¢, of different

filters 106 to be reflected in the description of the

different individual and aggregate impulse responses.

Such an offset would appear as a number, less than M,
of leading 0’s. For example, if filter 106-1 has an
impulse response at F, of {1, 1, 0}, then its impulse‘
response at MF,, for M = 2, is hl[n] = {1, 1, 1,‘1, 0}.
If the impulse response of filter 106-2 is the same as
that of filter 106-1, then since it is'delayed by one
clock phase relative to that of filter 106-1, the

- impulse response of filter 106-2 can be represented as

{0, 1, 1, 1, 1} at sample rate MF,. There would be no
convenient way to represent such an impulse response at
the sample rate F,. Accordingly, impulse responses
described herein are described at a sampling rate MF,,
with leading 0’s as ‘necessary to permit their
coordination relative to a common impulse input.

The filters 106 are each shown in Fig. 1 as
receiving not only a respective clock phase ¢, but

also ¢y. Fig. 7 is a detail of one of the filters 106-m

~in Fig. 1. It can be seen that the filter 106-m is

actually divided into an initial filter portion 106-ma,
having an impulse response hpe[nl, and a subsequent
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portion 106-mb, having an impulse response h ,[n]. The
initial portion of each filter 106-m may actually be
clocked on ¢,, as long as any processing which occurs

between the last register clocked on ¢ and the first

register clockéd on ¢,, is fast enough to guarantee

that all set-up and hold requirements are met in the

- time between the effective edges of ¢ and ¢,. More

precisely, therefore, the filters 106 can be said to
update their output values in time for each effectiVe
edge of ¢,. Note that a given one of the filters 106-m
may not take advantage of the ability to  have an
initial portion 106-ma clocked on ¢g, in which case hia
would simply be a pass-through. |

For some aspects of the inventiqn, as will be
seen, the use of different clock phases for the filters
106 and DACs 108, and even the avoidance of higher
frequency operation than Fg,7, are unnecessary.

Specifically, an aspect of the invention described

subsequently herein, involves the wuse merely of

parallel filters followed by parallel DACs which are
subsequently summed in the analog domain. That aspect
of the invention makes no restriction on the clocking

frequencies or phases.

The overall filter functlon performed by the
f11ters 106, DACs 108, multipliers 109 and summer 110
can be described as: |

hin} = Z K11[n]
m....

Fig. 2 is a block diagram of a simple fllter/DAC
system incorporating the invention. Conventionally,
interpolation from F, to MF; is a digital (only)
opération. ‘The embodiment of Fig. 2  makes
interpolation a hybrid process at the interface between
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digital and analog domains, taking advantage of the
benefits of each. ‘ |

In the case of the illﬁsﬁrated two-DAC embodiment,
a three-tap FIR interpolator is created with an impulsé’
response of: | ;

{0.125, 0.375, 0.375, 0.125}.
This is a coarse approximation of either a Sin(x)/x
interpolator or a linear interpolator (with only three

' taps to the interpolator‘they are about the same), and

haS‘a-frequency response notch at the input sample
frequency F,. ‘Each output state lasts one half of the
DSP system clock - period 1/Fs(approximately equal
duration for all states). |

This filter can be alternativeiy viewed as having

an impulse response of:

{0.125, (0.125 + 0.25), (0.125 + 0.25), 0.125},
in which it can be seen that the middle two states sum
to the original values. This impulse response can be
furthér alternatively viewed as being two summed
sequences: .

- {0.125, 0.125, 0.125, 0.125} and ...

{o, 0.25, 0.25, 0} - _
in which the top sequence, corresponding to one of the
two DACs in Fig. 2, can be inspected to be two full
cycles of the DSP system clock F,, and the bottom
sequence, the other Fig. 2 DAC, is also one full cycle
but time shifted half a cycle of F, later than the
former sequence. Having made these observations it is
simple to construct an actual interpolator circuit
using M = 2. Specifically, the upper impulse sequence
is one-eighth the sum of the input and output of a D
register clocked by the system clock. The lower
sequence 1is one quarter of a properly delayed but
unprocessed data sample. Such a circuit is illustrated
in Fig. 2.
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Referrlng to Flg 2, the 1nterpolator c1rcu1t

comprises a first filter 206-1 which receives an 8- bit

digital sample input over a bus 204. The filter 206-1
comprises‘a digital adder 214 having an A input port
connected to the bus 204, and a register 216 having an
input port whlch is alse connected to the bus 204.
Register 216 is clocked with clock 51gnal ®1. Wthh is
here identical to the system clock signal ¢,, at the
system clock frequency F;. The output‘of register'216
is connected to a B input port of digital adder 214.

‘The carry input C; of adder 214 is connected to receive

a logic 1 in order to provide rounding. The output of
adder 214 is shifted right by one bit to provide'the
8-bit output of filter 206-1 on DA bus 218. That is,
the low-order output bit S1 is discarded and the high-
order 8 output bits, conSisting of the carry output Co
and S(8:2), are provided on the output bus DA(7:0).
Thus if full scale is considered to be 0. 25, it can be
seen that the impulse response of filter 206-1 is:
h;[n] = {o 125, 0.125, 0.125, 0.125}.

The system of Fig. 2 also includes a second fllter
206- 2, which shares the register 216 with filter 206-1.
The output of register 216 forms the output of fllter
206-2. _ ‘

While the filter 206-2 appears in Fig 2 to be
clocked on the same clock phase as the filter 206- 1,
this is only a consequence of the feature, mentloned

above, that an initial portion of the filter 206-2 can
"~ be clocked on the same clock phase as 206-1 as long as

any processing which occurs between the last register
clocked on that clock phase and the first register
which is‘clocked on the ¢, clock phase for filter 206-2
is fast enough to guarantee that all'Set-up aﬁd hold
requirements are satisfied. In filter 206-2, there is
no processing which occurs between the last register
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‘clocked on ¢; (register 216) and the first register

clocked on ¢, (which, as will be seen, is the input
register of DAC 208-2). The fact that filter 206-2
operates on clock phase ¢, can be seen by the fact that
all subsequent clocked circuitry (i.e. DAC 208-2)
considers the output of filter 206-2 to be valid and
stable on the effective edge of ¢, rather than ¢;.

”Accordingly,‘it can be seen that the impulse response

of filter 206-2 for a full scale of 0.25 is given by
‘ {o, 0, 0.25, 0.25}.

The'DA‘Output bus 218 of filter 206-1 is connected
to the digital input port of a current-output DAC
208-1, the clock input of which is connected to receive
¢;. Similarly, the DB output bus 220 of filter 206-2 is
connected to the'digifal input'pdrt of a current-output
DAC 208-2, the clock input of which is coupled to
receive the second phase ¢, of the system cldck'signal.
¢, is advantageously generated by an invertor 222, the
input of which is connected to receive ¢;, since an

inverted square wave clock produces a half clock cycle

delay of the effective edge as required by M = 2. Some

clocked DACs can optionally use the counter clock phase
edge directly, as in differential logic. These allow
use of a single clock in M = 2 applications, and do not
need clock phase generator 114 (Fig. 1).

DAC 208-1 has a reference input 210-1 which is
coupled to ground via a resistor 224-1, and the DAC
208-2 has a reference input 210-2 which is coupled to
ground via a resistor 224-2. The resistors 224-1 and

'224-2 are equal, so the relative weighting K;/K, which

the two DACs apply to their current outputs is unity.
v Each of the DACs 208-1 and 208-2 has an inverting
current output which is connected to ground, and a non-

inverting current output which is connected to a common

current summing node 210. The summing node 210 is
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.connected to the input of a reconstruction filter 212

which is made up merely of a non-precision capacitor
214 to ground and a resistance 216 made up of the
parallel combination of the effective combined
impedance of DAC biasing elements and the DAC load
impedance (typically non-reactive). '

Fig. 3 is a self-explanatory timing diagram.
illustrating the values which will 'beb‘present at
various points in the syStem of Fig. 2 in response to

~ input values A, B, C, D,... occurring at the sample

rate F; on DI input bus 204. The impulse response of

'~ the overall syStem can be determined by setting all of

the input values to 0 except for one, for example D,
which is set to 1. It can be seen that the sequence of
values which result on the 1line Vout in Fig. 3,

. expressed at a rate of 2F,, is 0, 0, 0, 0, 0.25, 0.75,

0.75, 0.25. Except for a scaling factor of 2, such an
impulse response is the same as that set forth above as
the desired response for the system.

'The embodiment of Fig. 2 derives the effective
edge of ¢, from each non-effective edge of ¢; (i.e. the
counterphase) . If ¢, has a duty cycle of exactly 50%,
then the filter illustrated in Fig. 2 (prior to the
reconstruction filter 212) has a deep notch at every
positive odd integer multiple of F,, (e.g. 1, 3, 5,
Tyeea). As the duty‘cycle of ¢; deviates from 50%,
notch performance also degrades. This can be seen in
Fig. 4, which is a frequency domain plot of the filter
output hln] = h;ln] + hy[n] for duty cycles k = 0.5, k
= 0.4 and k = 0.33. Despite the degradations,‘however,
once sin(x)/x rolloff and the effects of'the simple
reconstruction filter 212 are taken into account,
performance is still very good for these duty cycles
relative to the requirements on many commercial
applications.
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This can be seen in Fig. 5, which is a frequency
domain'plot of the final‘system'output after sin(x)/x

rolloff and the effects of an RC low-pass

reconstruction filter having a corner frequency at F,/3
are taken into account. Line 506 in Fig. 5 illustrates
the respdnse for a duty cycle k = 0.5, and line 504
illustrates the response for a duty cycle k = 0.33. It
can be seen that although performance is not as good
for k = 0.33 as'for_k‘= 0.5, the maximum amplitude

outside the desired baseband is still approximately 36

dB down from the response at DC. Thus the duty cycle
for this type of embodiment is preferably as close to
50% as possible, although other duty cycles can still

yield acceptable performance. For'convenience, line

502 in Fig. 5 illustrates the product of the sin(x)/x

and RC reconstruction filter response, without the

filter/DAC system of Fig. 2. : .
The phase response of the dual DAC system of
Fig. 2 is, as is typical of FIR filters, without group

'delay distortion. The only phase shifts are caused by

the single pole RC reconstruction Low Pass Filter 212
(LPF) . Also, the attenuation of alias sample frequency
harmonics is periodic, alternate high frequéncy
harmonic sets being attenuated deeply. This can be,yin
commercial applications, advantageous in meeting FCC RF
radiation limits. | |

“As previously mentioned, the invention can also be
applied for use with 1-bit DACs. The general structure

~of such apparatus can be the same as that shown in

Fig. 1, where the DACs 108 are 1-bit DACs.
Note that the embodiment of Fig. 2 implements a
3-tap (at 2F,) filter using only two DACs 208-1 and

'208-2. In a general FIR filter, all the taps are

weighted and summed together to provide the output.
Using an aspect of the invention, the embodiment of
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Fig. 2 performs part of the sum in the digital domain

‘prior to the DACs, and part in the ‘analog domain

following the DACs. Specifically, the information from
the first tap (directly on the input bus 204) is summed
by digital adder 214 with the information from the
third tap (the output of register 216), and the current |
summing node 210 adds the result to the information‘
from the second tap (which also derives from the output
of register 216).  Where one of the filters 208
digitally sums information from more than one tap, the
filter can conveniently be thought of as belng the sum
of several filters ("sub-filters"), one for each such
tap. Filter 206-1, for example, which has an impulse

- response of

{0.125, 0.125, 0.125, 0.125},
can be conveniently considered to be the sum of two
sub-filters having impulse responses
{0.125, 0.125, 0, 0}, and
{o, 0, 0.125, 0.125}.
Thus the circuitry of Fig. 2 can be thought of as

" having two filters 206-1 and 206-2, the outputs of

which are converted to analog and combined in the

- analog domain, or alternatively as three filters, the

outputs of which are combined partially in the digital
domain and partially in the analog domain. 1In general,
the summation of tap values can occur either entirely
in the digital domain prior to conversion to analog (in
which case only one DAC is meeded although it must be
able to operate at MF,), or entirely‘ in the analog’
domain (in which case one DAC would be used for each
tap, or partially in the digital domain and partially
in the analog domain (in which case more than one and
less than M DACs would be used). - The embodiment of
Fig. 2 minimizes the number of DACs required, while at

the same time avoiding a necessity for the DACs to.
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operaté at a frequeﬁcy higher than F,, by selecting and
summing digitally all of the taps of the filter which
occur on the same clock phase.

| The view of the invention as a hybrid digital/
analog filter/DAC is illustrated more generally in
Fig. 6. Referring to Fig. 6, the sampled digital input
signal arrives on bus 602 and is provided to the‘input
ports of each of P digital filters 606-p (colléétively
606) . Each of the filters 606-p has ‘an impulse
response hp[n]. The outputs of the filters 606 are all
provided to a digital combination network 612 which has
P input' ports and M output ports, and each of the
output ports are connected to the digital -input port of
a respective DAC 608-m. The analog outputs of the DACs
608 are combined (typically ksummed) by an analog
combination network 610 to provide the output of the
filter/DAC on line 614. As with the DACs 108 in Fig.
1, the DACs 608 in Fig. 6 can also include a respective
multiplying reference input value bn.

The number of DACs M is greater than one but less

‘than or equal to the number of filters P. Thus part of

the combining of the filter 606 outputs can be
performed digitally in digital combination network 612,

with the remainder being performed in the analog domain

in the analog combination network 610.. A combined
overall filter characteristic results. For example, if
M.= P - 1, then the digital combination network 612

‘might consist of a single adder which adds together the

outputs of two of the filters 606 to provide the
digital input to one of the DACs 608, each of the
remaining filter 606 outputs being passed through the
digital combination network 612 to a respective one of
the other remaining DACs 608. As another example, if
M = P - 2, then the digital combination network 612
might = consist of two adders, each receiving a
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respective pair of the filter 606 outputs to provide
the input value for a respective one of the DACs 608,
each of the filter 606 outputs which is not provided to
one of the adders being passed through the digital
combination network 612 to a respective one of the DACs
608 which does not receive the output of one of the
adders. Alternatively; with M = P - 2, the digital
combination network might consist of a single 3-input
adder, the input ports of which receive the outputs of

- three respective ones of the filters 606. The outputk
“of such an adder would then be provided to the input of

one of the DACs 608, and all of the filter 606 outputs

‘which are not coupled to an adder input would instead

be coupled to the input of a respectlve one of the DACs
608 Wthh are not coupled to the adder output. Note
that the dlgltal and analog comblnatlon networks 612
and 610 can perform other linear operationskas‘wellf
such as filter tap weighting or gain scaling They can
also perform nonlinear operations, such as clipping.
(The term "linear" is used herein in its mathematlcalb
sense.)

The view of the invention 1llustrated in Fig. 6
can be correlated with the embodiment shown in Fig. 2.
That embodiment implements three filters 606-1, 606-2
and 606-3, one corresponding to each of the taps of the
3-tap filter. Thus the three filters have respective

impulse responses as follows-

h;[n] = {0.125, 0.125, 0, 0}
hy[n] = {0, 0.25, 0.25, 0}

h3[nl = {0, 0, 0.125, 0.125}.
The digital combination network 612 comprises, in
Fig. 2, the digital adder 214, Which adds the outputs
of the‘hi[n] and hy[n] filters and providee half the
result (via the shift-right) to the first DAC 208-1;
and the bus 220, which passes the output of the h, [n]
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- filter through to the second DAC 208-2. In this case
M=2, P=3,andM="P - 1. '

The overall impulse response of the genéralized
apparatus of Fig. 6 is ' ‘

M .
hin] = E Km‘hm [n],
m=1 » .

where the K,'s are cascaded analog and digital
combination weights.

It should be noted that the analog output signal
on line 614 of Fig. 6 steps from each value to the next
in accordance with the clock signal. It is therefore

'still considered to be "sampled" for the'purpose of

describing the overall filter response.

Figs. 8, 9 and 10 illustrate yet another aspect of
the invention. The input signal arrives on bus 102
with samples occurring in coordination with the
effective edges of an input sample clock operating at
a frequency F;. The sampled input signal is provided to
a filter 802, the output of which is provided over a
bus 804 to the input of a single DAC 810. The analog
koutput of DAC 810 is provided over line 812 to a
reconstruction filter 112 to provide the output of the
system. The filter 802 receives the system clock
signal ¢,, operating at F,, and also receives a
generated clock signal ¢, over clock bus 808, having M
effective clock edges for each effective clock edge of
$o, M > 1. Clock generator 806 generates the generated
clock signal ¢ in reSponse to the system clock signal
$o- As with other embodiments described herein, the b0
signal is provided to filter 802 so that an initial
part of the filter can operate in response to the
effective edges of ¢p. Filter 802 updates its output M
times for each effective clock edge of ¢;,. If the time
duration of all of the output samples are equal, then
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the DAC 810 should be chosen or manufactured to be able
to operate at a ‘conversion rate no slower than MF,. An

arrangement such as that shown in Fig. 8 can be useful,

for example, in situations where DACs continue to be

large, and it is less expensive to use one higher

frequency DAC than it is to use M DACs each operating

at the system clock frequency Fy. A disadvantage of them
Fig. 8 arrangement is that it does not reduce the
glitch noise by a factor of 1/M, as does the Fig. 1
arfangement. The Fig. 8 arrangement also does not
avoid generation of an MF, clock signal.

. The frequency F, is referred to with respect to
Fig 8 as the system clock frequency not only because

. samples arrive on bus 102 at that frequency, but also

because in a typical conventional integrated circuit
with a DAC output, samples are presented to the DAC at

the highest clock frequency present anywhere on the

chip. Such a clock frequency is typically chosen as-
the highest frequency which can safely accommodate the
longest combinatorial path in the circuit. The
arrangement of Fig. 8 permits the sample frequency to
be boosted to even higher frequenc1es prior to the DAC
to thereby further simplify the reconstructlon filter

- 112.

In general, M need not be an integer and need not
be greater than 1. Where M is an integer greater than
1, Fig. 9 illustrates how the filter 802 can be
implemented without requiring the use of dlgltal
c1rcu1try operatlng faster than F,. As shown in Fig. 9,
filter 802 comprises a plurallty‘ of parallel sub--
filters 902-1, 902-2, . ..902-M, collectively 902. Each
of the sub-filters 902 receives the sampled input

- signal from bus 102, and generates a sampled output

signal. The clock generator 806 generates ' the
generated clock signa1'¢ over M separate leads 808-1,
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80842,-...808-M, each of which clocks a respective one
of the sub-filters 902. Preferably but not

essentially, the effective edges of the clock sub-

signals on lines 808 occur at equaliy spaced intervals
within each cycle of ¢;. ~In the manner previously

- described, each of the sub-filters 902 can also have an

initial portion clocked with ¢,. Note that if desired,
one or more of.the’sub4filters 902 can itself comprise
more than one sub-sub-filter. ‘

| The outputs of the sub-filters 902 are all
combined by a digital combination network 904 to
provide the'output of filter 802 over bus 804. The
digital combination network 904 updates its output in
response to each effective edge of each of the clock
sub-signals arriving on clock bus 808, yet none of the
clocked circuitry in filter 802 needs to operate at a
clock speed higher than F,.

As mentioned, clock generator 806 can comprise a
phase lock 1loop: Alternatively, for M = 2, clock
generator 806 can comprise merely a single invertor.
As shown in Fig. 10, such a clock generator 806
contains invertor 1004, the input of which is connected

to receive ¢; and the output of which drives one of the

clock sub-signals 1002-2. The clock generator in Fig.
10 generates the other clock sub-signal 1002-1 merely
as a pass-through from ¢,.

The benefits of the invention can include the
following, among other things, although not all
embodiments need produce all of these benefits:

(1) reduced reconstruction filter
requirement (many benefits); | |
(2) reduced signal noise (more transitional
quantization levels)} | o ' _
' (3) reduced high frequency noise (odd
harmonics attenuated); and
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; (4) reduced DAC glitch noise.

‘The foregoing description of preferred embodiments
of the present invention has been provided for the
purposes of illustration and description. It is not
intended to be exhaustive or to limit the invention to

the precise forms disclosed. Obviously, ~many

modifications and variations will be apparent to

- practitioners skilled in this art. The embodiments .
~were chosen and described in order to best explain the

principles of the invention and its practical
application, thereby enabling others skilled in the art
to understand the invention for various embodiments and

‘with wvarious modifications as are suited to the

particular use contemplated. ~ For examplé, the
invention can be used to implement both finite-impulse-
response (FIR) filter transfer functions as well as
infiniteb impulse response (IIR) filter ‘transfer
functions. It is intended that the scbpe of the
invention be defined by the following claims and their
equivalents.
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CLAIMS ;

1. . Apparatus for use with a sampled input signal
‘having an input sampling frequency F;, the samples of
said input signal occurring in coordination with an
input sample clock, comprising: | '

M digital filters, each receiving said input
'signal, each m’th one of said filters having a
reSpective ‘impulse response h, [n] and producing a
_respective‘output signal updated at said input sample
rate Fy, each m’th one of said filters updating its
output signal in time for a respective m’th phase of
said input sample clock, M 2 2; and ‘

means for combining said output signals'of said
digital filters to produce a combined output signal
having a sample rate of at least MF,. '

2. Apparatus according to claim 1, wherein said
phases of said input sample clock divide each period of
said input sample clock equally. '

3. Apparatus acCording to claim 1, wherein
M= 2.

4. Apparatus according to claim 3, wherein said
input sample clock has alternating rising and falling
edges, wherein one of said filters updates its output
signal in time for each rising edge of said input
‘sample clock, and wherein the other of said filters
updates its output signal in time for each falling edge
of said input sample clock.

5. Apparatus according to claim 4, wherein said
means for combining comprises: ' o

a digital circuit receiving the output signals of
both of said digital filters and producing a weighted
sum thereof, said weighted sum being updated in time
for each edge of said input sample clock; and

a DAC having a digital. input port receiving said
weighted sum and generating an analog output signal
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which is updated in response to each edge of sald 1nput
sample clock.

6. Apparatus according to olaim‘s, wherein said

input sample clock has a duty cycle of‘approximately
50%. ' ,
7. Apparatus according to claim 1, wherein,a

first one of said digital filters comprises:
P sub-filters, each receiving said input 31gna1

each g p’th one of said sub-filters having a respective
impulse response th[n] and producing a respective
output signal updated at said input sample rate Fyveach‘
~of said sub-filters updating its output signal in time
for a first one of said input sample clock phases, P >
1; and

means for combining said output signals of said
sub- fllters to produce said output of said first

- digital filter.

8. Apparatus according to clalm 7, wherein sald
means for combining said output s1gnals of sald sub-
filters comprises an adder having P input ports and an
output port, each p’th input port receiVing the output
of the p’th sub-filter, and said output of said adder~‘
carrying said output of said first digital filter.

9. - Apparatus according to claim 1, whereln_said

- means for combining said output signals combines said
output signals linearly. ‘ _

10. Apparatus according to claim 1, whereln said

- apparatus has a combined impulse response

M
hin] = ¥ K,h [n],
m=1 ,

and wherein h[n] is mathematically equivalent to
~an FIR filter having M taps.
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11. Apparatus according to claim 1, wherein said
‘apparatus has a combined impulse response

M
h[n] = ¥ K,h,K[n],
: m=1

and wherein h[n] is mathematically equivalent to
an FIR filter having more than M taps. v

12. Apparatus according to claim 1,‘wherein said
means for combining comprises: ‘

M DACs, each having a digital input port and an

~analog output port, and producing on its analog output
port an analog output signal having a value responsive
to thékdigital value on its input port, each m’th one
of said DACs receiving on its input port the output

‘signal of the m’th one of said digital filters; and

analog means for summing the analog signals
produced by said DACs.

“ 13. Apparatus according to claim 12, wherein said
analog signals produced by said DACs are current
signals, and wherein said means for summing comprises
a node'éoupled,to receive the current output signals
from said DACs.

14. Apparatus according to claim 12, wherein each
of said DACs further has an analog reference input port
receiving a respective analog reference value, the
current output of each of said DACs being proportional,
by a constant of propbrtionality common to all of said
DACs,'to the value on the digital input port of the DAC
times the respectivé analog reference value, the analog
reference values being proportional to respective
desired linear combination weights K. |

| , 15.' Apparatus according to claim 1, wherein the

~output signals of said digital filters each have a
width of one bit, and wherein said means for combining
comprises:
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M DACs, each having a 1-bit wide digital input
port and an output each m’th one of said DACs
rece1v1ng on its 1nput port the output signal of the
m’'th one of said dlgltal filters; and ' ,

an analog adder which receives and sums the~
outputs of said DACs. o

16. Apparatus according to claim 1, wherein said

.digitél filters, as combined through said means for
combining, form the mathematical equivalent of a

combined filter “having an impulse response at a
sampling rate MF, of '

M
hinl = ¥ Kh, [n],
m=1 :

and wherein the frequency response of h[n] has
high attenuation at F,.

17. Apparatus according to claim 16, wherein the
impulse response h[n] at 2F; is proportlonal to {1, 3,

3, 1}.

18. Apparatus according to claim 17, wherein M=2,

wherein K/K, = 2,

wherein the impulse résponse' hy[n] at 2F,
proportional by a constant of proportionality k to {1,
1, 1, 1}. k

and wherein the impulse response hQ[n] at 2F is
proportlonal by said constant of proportionality k to’
{o, 1, 1, o}. .
, 19. Apparatus according to claim 1, wherein M =
2, wherein said inputk sample clock has alternating
first and second edges and said input signal is updated
in time for each first edge of said input sample clock,
wherein the first digital filter comprises:

a register having an input port coupled to

receive said input signal and having an output, said
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register updating its output in response to each of
said first edges of said input sample clock;

said first digital filter further comprising
an adder having a first input port coupled to receive
said input signal, a second input port coupled to
receive said register output, and an output,
wherein the second‘digital filter comprises said
‘register, | ,
and wherein said means for combining comprises:
a first DAC having a digital input port
coupled to receive said adder output and having a
current output port, said first DAC producing on its
current output port a signal having a current level
which is proportional by a constant of proportionality
k to one-half the value on said adder output, said
first DAC being clocked in response to each of said
first edges of said input clock signal;
‘ said means for combining further comprising
a second DAC having a digital input port coupled to
receive said register output and having a current
output port, said second DAC producing on its current
output port a signal having a current level which is
proportional by said constant of proportionality k to
the wvalue on said register output, said second DAC
being clocked in response to each second edge'of said
input clock signal; '
and said means for combining further

- comprising a current summing node coupled to receive
said current outputs of said first and second DACs.

v 20. Apparatus according to claim 19, wherein said
adder further has a least significant bit carry input
coupled to receive a logic 1. ,

21. Apparatus according to claim 19, further
comprising: ;

a resistor coupled between said current summing

. node and a fixed potential; and
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a capacitor coupled between said current summlng
node and a fixed potential. | ‘

22. A discrete time filter, for use with a
sampled input signal and for producing a sampled analog
output signal, comprising: , ' R

P first filters each coupled to receive said
sampled input signal and each producing a respective
sampled output signal, P > 1;

M DACs each having a digital input port and an

‘analog' output port and hav1ng respective analog

conversion gains a, 1<Ms P; A

a first combinatlon network having P input ports,
each coupled to receive the output of a respective one
of said first filters, said combination network also
having M output ports, each coupled to a respective one
of said DAC input ports, said first combination network
producing values on said M output = ports from
combinations of the values on said P input ports; and

a second combination network coupled to receive
the analog outputs of each of said DACs and providing
a combined analog output signal as a comblnatlon of
said DAC outputs. _ ,

23. Apparatus for use with ah input sample clock
having F, effective edges per unit time, for use further
with a sampled input signal the samples of which occur
in coordination with said effective edges of said input
sample clock, comprising:

a clock generator coupled to receive said input
sample clock and generating a generated clock'signal
having MF, effective edges per said unit time in
response to said input sample clock, M > 0 and M # 1;

a discrete time filter coupled to receive said
sampled input signal and said generated clock signal,
and producing an output signalk updated at said
frequency MFs; and
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a DAC coupled to receive said output of said
filter and to produce an analog output - signal in
- response thereto.

24. Apparatus according to claim 23, wherein M is
an integer. |

' 25. Apparatus according to claim 24, wherein said

- generated clock signal comprises M clock sub-signals,

each of said clock sub-signals having F, effective edges

per said unit time, the effective edges of different

ones of said clock sub-signals occurring at different

times relative to the effective edges of said input
sample clock.

26. Apparatus according to claim 25, whereln said
filter comprises:
| M sub-filters each coupled to receive said sampled
input signal and a respedtiVe one of said clock sub-
signals, and producing a respeétive output signal
updated in response to each effective edge of the
respective clock sub-signal; and '

a combination network coupled to provide as said
filter output a combination of said sub-filter output
signals. ,

27. Apparatus according to claim 23, wherein
M= 2. , . ~ , -

28. Apparatus according to claim 23, wherein said
input sample clock has alternating rising and falling
edges, and wherein said clock generator produces one of
said effective edges in said generated clock signal in
response to each of said rising and faliing édges in
sald input sample clock. '

29. Apparatus accordlng to claim 28, wherein said
 generated clock signal comprises first and second clock
sub-signals, said clock generator producing said first
clock subFsignal with only those effective edges of
said generated clock signal whiéh are produced in
response to a rising edge of said input clock signal,
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and producing‘said second clock sub-signal with only
those effective edges of said generated clock signal
‘which are produced in response to a falling edgé'of,
said input clock signal. o | _

30. Apparatus accordlng to clalm 29, wherein said
filter comprises: ‘ :

a first sub-filter coupled to receive said sampled
input signal and said first clock sub—Signal, said
first sub-filter producing an output signal updated in
response to each effective edge of said first clock

- sub-filter; '

a second sub-filter coupled to receive said
sampled’input signal and said second clock‘sub-signal,
said second sub-filter producing ‘an output signal
updated in response to each effective edge of said
second clock sub-filter; and '

a combination network coupled to prov1de as said
fllter output a combination of said first and second
sub-filter output signals.

31. Apparatus according to claim 22, wherein said
discrete time filter is an FIR filter. _ ;

32. Apparatus according to claim 22, wherein said
sampled input signal is a sampled digital input signal,

wherein said P first filters are digital filters,

and wherein said first comblnatlon network is a
digital combination network. ,

33. A method for filtering a sampled input signal
having a sampling frequency F;, the samples of said

~input signal occurring in'coordination with'an input
sample clock, comprising the steps of: | E

digitally filtering said input signal through M
filters to produce M réspective output  signals, each
m’th one of said output signals being updated at said
input sample rate F,, each m’th one of said filters
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updatlng its output s1gnal in time for a respective

m’th phase of said input sample clock M=z 2; and

- | comblnlng said output signals of said digital

filters to produce a combined output 51gnal hav1ng a
N sample rate of at least MF,.

34. A method for filtering a sampled input

signal, comprising the steps of: _
~~ filtering said input signal through P first
- filters, each producing a respective output signal,
P > 1; »

combining said P filter output s1gnals to produce
M intermediate signals, 1 < M s P;

converting each of said M intermediate signals to
a respective analog signal; and

combining said M analog signals.

35. . A method according to claim 34, wherein said
sampled input signal is a sampled digital input signal,

wherein said step of filtering saidkinput’signal
through P first filters comprises the step of digitally
filtering said input signal through P first filters,
each producing a respective digital output sigual ‘

' and wherein said step of combining said P filter
output signals comprises the step of digitally
combining said P filter output signals, =said M
intermediate signals being digital.

36. A method according to claim 34, wherein said
method yields an overall filter transfer function whose
1mpulse response is finite in duration.

37. A method for f11ter1ng a sampled 1nput signal
to broduce an analog output signal, for use with an
input sample clock having F, effective edges per unit
time, the samples of  said sampled input signal
occurring in coordination with said effective edges of
said input sample clock, comprising to steps of:
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.generating a generated clock signal having MF -
effective edges per said unit time in response to said
iriput sample clock, M > 0 and M 1; |

| discrete-time filterihg said sampled input signal

to produce a filtered output signal updated in response

to each effective edge of said generated clock 'signal‘;' :

and _ o ' ' ;

converting said filtered output signal to said
analog signal. ' '



. WO095/19081

PCT/US95/00198

1/7
Qo—— 100 Qo _ K
o L 104, | 1061 r105-1 109-1
,_ l+_ ‘ho[n‘]' VAN h1[n] . | L
- . i | |
Qq 1Qg  ,106-2
\4
. // h2[n] /I
Qz / ‘ '
Q -
| 106H
7 'hM[n] 7
] |
Qg [
“o [ clock
| pHase |1
GENERATOR
FIG. 1

SUBSTITUTE SHEET (RULE 26)



PCT/US95/00198

WO 95/19081

2/7

mNn.J

vic
/

of

=

1

ered

0ic

F-80¢

02

8S

|
|l

LS
9S
— GS

_|¢m

r—————-—--———-—-—-——-————-—————————T ot [ o e et e e | s e —

N3aaV
W1I9IA

REDS

W19 to=0

_

_

_

|

| ‘
"\.N....QQN.

* F-90c

Dn,_ /
9Id

GIQ

S et g
N SUBSTITUTE SHEET (RULE 26)

¥I1d

-¢1Id

¢1d

L Id

|
|
|
|
|
|
_
|
|
|
|
|
|
_
“
|
|
|
|
|
|
|
|
|
o010 )

|

|



PCT/US95/00198

‘WO 95/19081

3/7

£ oI

¥/(443¢)

¥/(ag+9)

¥ /(a+0¢)

v/(0c+a)iv/(0+8¢)

y/(ac+v)iv/(8+ve)

inoA

v\afe V\GEB ,

3

g v

c-60c
1no ovd

F-60c

4+ 3

1+ 0

a+ o9

O+ 4

g+ Vv

1no ovd

—

oz &-

sna xaa 'y

gic

O+ 4

4+ 3

1+4d

a+29

J+ 8

SN Xva ¥

el

snd XId

S/

SUBSTITUTE SHEET (RU

2D Y10
— 0 W10




WO095/19081 |  PCT/US95/00198

4/7

k=0.33

[ Mk=04

HORZ=Fs/Div
VERT=2dB/D v

FIG. 4

SUBS]'ITUT& SHEET (RULE 26)



WO 95/19081 o , ' , ‘ , PCT/US95100198

5/7

502

(k=0.33
(k52

0
0.5)
506

/‘\ '
|

1

HORZ=Fs/Div
VERT=2dB/Div

FIG. 5

SUBSTITUTE SHEET (RULE 26)



WO 95/19081

6/7
o 612
606-1
JEOE Vs [
A hy[n] 7
Vg 6062 DIGITAL
. ho[n] y COMBINATION
' NETWORK
//
' [ 606F
// hP[n] //

PCT/US95/00198

FIG. 7

SUBSTITUTE SHEET (RULE 26)



. WO 95/19081

7/7

102
Qi VAR

806

CLOCK
GENERATOR |

. 904

v DIGITAL

A COMBINATION

PCT/US95/00198

NETWORK

. N

at
\g08

—806-M

SUBSTITUTE SHEET (RULE 26)



INTERNATIONAL SEARCH REPORT o Inicrnational application No.
' PCT/US95/00198

A.  CLASSIFICATION OF SUBJECT MATTER
IPC(6) :HO4L 7/04; HO4L. 27/01
US CL :375/14,103;364/724.1.
According to International Patent Classification (IPC) or to both national classification and IPC ‘

B. FIELDS SEARCHED

Minimum documentation searched (classification system followed by classification symbols)

U.S. : " 375/13-14,96,103,106,118-119; 364/724.1

Documentation searched other than minimum documentation to the extent that such documents are included in the fields searched

None

Electronic data base consulted during the international search (name of data base and, where practicable, search terms used)

APS Text Search

C. . DOCUMENTS CONSIDERED TO BE RELEVANT

Category* Citation of document, with indication, where appropriate, of the relevant passages Relevant to claim No.
A US, A 5,241,544 (JASPER et al.) 31 August 1993, Fig. 3. | 1,3,33-36
A US, A, 4,044,241 (HATLEY, Jr.) 23 Augusf 1977, Fig. 1 1,3,33-36

and column 2, lines 34-36.

D Further documents are listed in the continuation of Box C. D See patent family annex.

. Special categories of cited d ™ later document published after the internationai filing date or priority
date and notmeonﬂmwnhthelpphc-uonbutcnedwundeuundthe
"A® d defining the g lmeofdlemwhnchuno(oonndered
o be part of re principle or theory underlying &e inveation
e : . . . X" document of particular relevance; the claimed inveation cannot be
E carlicr document published on or after the intemationa] filing date idered novel of t be considered to involve an inventive step
"L document which may throw doubts on priority claim(s) or which is when the document is taken alone
ited to establish the publica d f another
:;:ecnl reason (as lpeclpﬁued) tion date o citation or other 'Y document of particular relcvance; the claimed inveation cannot be
considered to involve an inventive step when the document is
ok document nfemng to an oral disclosure, use, exhibition or other combined with one or more other such documents, such combmauon
means bem;obvmtoupenonlhﬂedmﬂlcm )
P ' document publubed prior to the mtermbonll ﬁlmg date but later than ~ * g+
the priority date ¢ & document member of’lhe same patent family
Date of the actual complctlon of the mtematxonal search Date of mailing of the international search report
08 MARCH 1995 . 0 SAP R1995
Name and mailing address of the ISA/US ofﬁ r ’
Commissioner of Patents and Trademarks . :
Box PCT . .
_ Washington, D.C. 20231 UNG T TSE
Facsimile No.  (703) 305-3230 Telephone No. (703) 305-4736

Form PCT/ISA/210 (second sheet)(July 1992)»



