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In many modern communication systems, digital transmission is
15 utilized because of improved efficiency and the ability to detect and correct
transmission errors. Exemplary digital transmission formats include binary
phase shift keying (BPSK), quaternary phase shift keying (QPSK), offset
quaternary phase shift keying (OQPSK), m-ary phase shift keying (m-PSK),
and quadrature amplitude modulation (QAM). Exemplary communication
20 systems which utilize digital transmission include code division multiple
access (CDMA) communication systems and high definition television
(HDTV) systems. The use of CDMA techniques in a multiple access
communication system is disclosed in U.S. Patent No. 4,901,307, entitled
“SPREAD SPECTRUM MULTIPLE ACCESS COMMUNICATION SYSTEM
25 USING SATELLITE OR TERRESTRIAL REPEATERS”, and U.S. Patent No.
5103459, entitled “SYSTEM AND METHOD FOR GENERATING
WAVEFORMS IN A CDMA CELLULAR TELEPHONE SYSTEM”, both
assigned to the assignee of the present invention and incorporated by
reference herein. An exemplary HDTV system is disclosed in U.S. Patent
30 No. 5,452,104, U.S. Patent No. 5,107,345, and U.S. Patent No. 5,021,891, all
three entitled "ADAPTIVE BLOCK SIZE IMAGE COMPRESSION METHOD
AND SYSTEM", and US. Patent No. 5576,767, entitted "INTERFRAME
VIDEO ENCODING AND DECODING SYSTEM", all four patents are
assigned to the assignee of the present invention and incorporated by

35 reference herein.

In the CDMA system, a base station communicates with one or more
remote stations. The base station is typically located at a fixed location.
Thus, power consumption is less important consideration in the design of
the base station. The remote stations are typically consumer units which are

40 produced in high quantity. Thus, cost and reliability are important design
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statlon or the remote station. Within receiver 100, the transmitted RF signal
15  is received by antenna 112, routed through duplexer 114, and provided to
front end 102. Within front end 102, amplifier (AMP) 116 amplifies the
signal and provides the signal to bandpass filter 118 which filters the signal
to remove undesirable images and spurious signals. The filtered RF signal
is provided to mixer 120 which downconverts the signal to as intermediate
20 frequency (IF) with the sinusoid from local oscillator (LO1) 122. The IF
signal from mixer 120 is filtered by bandpass filter 124 and amplified by
automatic gain control (AGC) amplifier 126 to produce the required signal
amplitude at the input of analog-to-digital-converters (ADCs) 140, The gain
controlled signal is provided to demodulator 104. Within demodulator 104,
25 two mixers 128a and 128b downconvert the signal into the baseband I and Q
' signals with the sinusoid provided by local oscillator (LO2) 134 and phase
shifter 136, respectively. The baseband I and Q signals are provided to
lowpass filters 130a and 130b, respectively, which provide match filtering
and/or anti-alias filtering of the baseband signals. The filtered signals are
30 provided to ADCs 140a and 140b which sample the signals to produce the
digitized baseband samples. The samples are provided to baseband processor
150 for further processing (e.g. error detection, error correction, and

decompression) to produce reconstructed estimates of the transmitted data.

The first frequency downconversion with mixer 120 allows receiver
35 100 to downconvert signals at various RF frequencies to a fixed IF frequency
where more signal processing can be performed. The fixed IF frequency
allows bandpass filter 124 to be implemented as a fixed bandpass filter, such
as a surface acoustic wave (SAW) filter, to remove undesirable images and
spurious signals from the IF signal. Removal of images and spurious
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cross-talk of the I signal onto the Q signal, and vice versa. The cross-talk
signal behaves as additive noise in the desired signal and results in poor
detection of the desired signal. And third, ADCs 140 can cause degradation
in the performance of receiver 100 for various reasons described below.

25 In most demodulators, one or more ADCs are required to convert an
analog waveform in continuous time into discrete samples at evenly spaced
time intervals. Some important performance parameters of an ADC include
dynamic range, linearity, and DC offset. Each of these parameters can affect
the performance of the communication system. Dynamic range can affect

- 30  the bit-error-rate (BER) performance of the receiver because the noise from
the ADC degrades the ability of the ADC to properly detect the input signal.
Linearity relates to the difference between an actual transfer curve
(e.g., digital output versus analog input) and the ideal transfer curve. Good
linearity is more difficult to obtain as the number of bits in the ADC

35 increases. Poor linearity can degrade the error detection/correction process.
Finally, DC offset can degrade the performance of the phase locked loop in
the receiver and the error correcting decoder, such as the Viterbi decoder.

In the prior art, flash ADCs or successive approximation ADCs are
used to sample the baseband signals. Within the flash ADC, the input signal
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% Sigma delta analog—to-dlgltal converters (ZA ADCs) have better
performance than flash and successive approximation ADCs because of the
inherent architecture of the ZA ADC. XA ADC performs analog-to-digital
conversion of the input signal by making successive one-bit approximations
of the change in the input signal, since the previous sample has been

20 estimated, at a sampling frequency which is many times higher than the
bandwidth of the input signal. The output samples comprise the input
signal and the quantization noise. However, the ZA ADC can be designed
such that the quantization noise in the signal band is pushed to out-of-band
frequency (or noise shaped) where filtering can be performed.

25 ZA ADC can provide high dynamic range, good linearity, and low DC
offset because of the inherent structure of the ZA ADC. For example, high
dynamic range can be obtained by selecting a sufficient oversampling ratio
(OSR) and the proper noise shaping filter characteristic. The oversampling
ratio is defined as the sampling frequency divided by the two-sided

30 bandwidth of the input. Additionally, good linearity and low DC offset can
be obtained because of the simple one-bit quantizer within the ZA ADC.

Because a high oversampling ratio is required for high performance,
ZA ADCs have been traditionally limited to applications where the input
signal is a low bandwidth signal, such as audio application. However, with

35 the advent of high speed analog circuits, ZA ADCs can be implemented to
operate at high speed. High speed bandpass and baseband ZA ADC designs
and implementations are disclosed in detail in copending U.S. Patent
Application Serial No. 08/928,847, entitled "SIGMA-DELTA ANALOQG-TO-
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15 output from each loop is provided to a corresponding bandpass decimator.

In the exemplary embodiment, each bandpass decimator comprises an error
cancellation filter, a bandpass filter, and a decimator. The bandpass filter is
used to filter the signal from the error cancellation filter. In the exemplary
, embodiment, the filtered signal is then decimated by N by the decimator.
20 The signals from all bandpass decimators are summed together and the
resultant output comprises the IF samples. _

For quadrature downconversion, the IF samples are provided to two
multipliers which downconvert the IF samples to I and Q baseband samples
with an inphase and a quadrature sinusoid, respectively. The baseband

25 sampies are lowpass filtered to further remove quantization noise and
undesirable signals.

It is an object of the present invention to provide a noise cancellation
circuit and a bandpass filter which minimizes circuit complexity and reduces
power consumption. In the exerhplary embodiment, the transfer function

30 of the error cancellation circuit is decomposed into a set of transfer
functions, one for each output signal Y from the XA ADC. Each transfer
function corresponds to an error cancellation filter. The transfer functions
for each of the error cancellation filters and the bandpass filter are
convolved to provide the transfer function of a bandpass decimator. The

35 convolved transfer function for each bandpass decimator can be
implemented with less hardware than the direct implementation of the
corresponding error cancellation filter and bandpass filter. Furthermore,
each bandpass decimator operates on one-bit signal Y from a corresponding
loop of the MASH ADC. Direct implementation of the error cancellation
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20 BRIEF DESCRIPTION OF THE DRAWINGS

The features, objects, and advantages of the present invention will
become more apparent from the detailed description set forth below when
_ taken in conjunction with the drawings in which like reference characters
25 . identify correspondingly throughout and wherein:
FIG. 1 is a block diagram of an exemplary super-heterodyne receiver of
the prior art;
FIG. 2 is a block diagram of an exemplary bandpass sampling receiver
- of the present invention;
30 FIG. 3 is a block diagram of an exemplary two loop bandpass MASH
ZA ADC;
FIG. 4 is a block diagram of an exemplary error cancellation circuit of
the present invention;
FIG. 5 is a block diagram of an exemplary digital signal processor used
35 for quadrature demodulation;
FIG. 6 is a block diagram showing an exemplary noise cancellation
circuit; '
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DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS |

20 The present invention is a new and improved noise cancellation
circuit and quadrature downconverter which are used in conjunction with
an analog-to-digital converter (ADC). In particular, the present invention is
well suited for used in combination with a sigma-delta analog-to-digital
converter (ZA ADC) which is disclosed in the aforementioned U.S. Patent

25  Application Serial No. PA447. Exemplary applications which can utilize the

| noise cancellation circuit and quadrature downconverter include CDMA
communication systems and HDTV systems.

In a bandpass sampling ADC, the input signal to the ADC is centered

at an intermediate frequency (IF) instead of baseband. Sampling at IF allows

30 for elimination of a frequency downconversion stage in the receiver, thus
simplifying the hardware design and improving reliability. The use of ZA
ADC provides many advantages over conventional (e.g. flash and successive
approximation) ADCs as described above. The noise shaper within the A
ADC can be designed such that the quantization noise around the signal

35 band is pushed out-of-band (or noise shaped) where filtering can be
performed.
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’ bandpass filter 224 is a surface acoustic wave (SAW) filter, the
15 implementation of which is known in the art. The filtered signal is
provided to buffer (BUF) 226 which provides gain and/or buffering of the
signal. The buffered signal is provided to demodulator 204. Within
demodulator 204, ADC 240 samples the buffered signal at a high sampling
frequency determined by the CLK signal and provides the samples to digital
20 signal processor (DSP)' 250. Digital signal processor 250 is described in detail
below.

For applications wherein quadrature demodulation is required, such
as QPSK, OQPSK and QAM, a bandpass ADC is utilized. The bandpass ADC
can be designed and implemented as a bandpass A ADC in the manner

25 described in copending U.S. Patent Application Serial No. PA447. _
| A block diagram of an exemplary two loop bandpass MASH ZA ADC
is illustrated in FIG. 3. A ADCs comprising one loop or more than two
loops can be designed and utilized and are within the scope of the present
invention. MASH ADC 240a éomprises two loops 310a and 310b, feed
30 forward element 320, and error cancellation circuit 350. In the exemplary
embodiment, MASH ADC 240a receives an analog ADC input and produces
a digital ADC output having at least two bits per sample, at least one bit per

sample for each loop 310.

The ADC input is provided to loop 310a which produces a 1-bit Y1
35 signal in response thereto. A fraction of the ADC input and quantization
noise (X2) from loop 310a is provided to loop 310b where additional noise
shaping is performed. The Y1 and Y2 signals from loops 310a and 310b,
respectively, are provided to error cancellation circuit 350. Error cancellation
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BRI EF DESCRI P'Ebﬁl’thﬂzloEplESﬂRAV&&iﬁiwer 312b also re'Ebﬁzefseaftlumﬁrn ojancizer 3164,

S e300 BB Y P B e, from OSSR TR, BT RTB
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FIG 2is a b|Rr@rzluae%§wa1nb@ﬁ¥hﬁ1@aémlrsmortﬁ&n@}%%@ shappi3igb ri%@@meeted in
of thF presentsllmrilpégrl\ﬁa%r a%qm 310aFl G 3 is a bl ock diagram of an
exenplary jgwo 1oop ﬁ?n?ﬂt%iesd output frorr{ res&lnator 314b is also prov1ded to gain

element 322a which scales the signal by the scaling factor a;. The Y1 signal

from quantizer 316a is provided to gain element 322b which scales Y1 by the |
scaling factor a;. The outputs from gain elements 322a and 322b are
provided to summer 324 which subtracts the output from gain element 322b
20 from the output from gain element 322a. The error signal from summer 324
is provided to gain element 322c which scales the error signal by the scaling
factor a;. The output from gain element 322c comprises X2 which is
provided to loop 310b. '
A block diagram of an exemplary error cancellation circuit 350 is
25 shown in FIG.4. Within error cancellation circuit 350, the Y1 signal from
loop 310a is provided to delay element 412 which delays Y1 by a time
interval equal to the processing delay of loop 310b. The delayed Y1 from
delay element 412 is time aligned with Y2. The Y2 signal from loop 310b is
provided to gain element 416 which scales Y2 by the scaling factor G. The
30 delayed Y1 is provided to gain element 414 which scales the delayed Y1 by
the scaling factor (h-1). The scaling factors G and (h-1) partially determine
the noise shaping characteristics of ZA ADC 240a. In the exemplary
embodiment, the scaling factors are selected to be G=4 and (h-1)=1. The
outputs from gain elements 414 and 416 are provided to summer 418 which
35 sums the two scaled outputs. The combined signal from summer 418 is
provided to filter 420 which filters the combined signal with the transfer
function N(z). The transfer function N(z) of filter 420 and the delay of delay
element 412 are selected based on the characteristics of the A ADC. In the
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0. 25f I[ fr [] ,  and delay eléhént am%ﬁdmc{)sg wilpedaghg hewiwitha the estbparof fhai se
cancel | atign ifcuits and quadraturecdo nverter;
9A- 9B are SI o&??ﬁ‘?‘%g‘?‘é(ﬁght?f" aﬁo’é %ﬁ’??s FW ﬁ?rgtpeg{]a{ﬂund fapcdé %%%e
cancel | ati on Glet6nd (cdefitserttUGHINGE)Uis 6zede ViiRD ilvier éltiractefisiieqs used yio dithplfy
FI G 8 using %Eod% haSﬁ struct ure; n'%%g o bFIdG 1%ﬁ 1%gégr e ¢
exenpl ary spe g0 ohihevarrar congellanion, eipenif/and bandpags fifter ghthe presen
spectrum of t Hav¥itiehgn@he adutput tfirom dilter 420aand| that delayéd Mleare phavided to
frequency res f ' r Qr éﬂ&ﬁﬂ tion
filter, t%&?@\g@’é@?%@ﬁ%@@?%fg{légigﬂ%ﬁ ﬁa?li%ﬁfa&btg%d%gss | Iu'?'er, and
t he spect l@m of 15 Frome the ahayeaexeatplary tthansfer] fupetions: farndelagsglementy 412
D(z) and filter 420 N(z) and the exemplary scaling factors G=4 and (h-1) =1,
the exemplary transfer function Y(z) for error cancellation circuit 350 can be

expressed as :

Y(z) =EC,(2)*YI(2)+EC,,(2)*Y2(2)
15 =2 (24227 +27 ) YU +4(1+ 227 +27) Y2(2) (1)

=[ Y1) +[(1+202 +27*)( Y1) +47Y2(2))|

In equation (1), the term in the first bracket comprises the signal component
and the term in the second bracket comprises the total quantization noise
after error cancellation. Note that the transfer function Y(z) of error
20 cancellation circuit 350 can be viewed as running the Y1 signal through a
first finite impulse response (FIR) filter having the coefficients ECyq(z),
running the Y2 signal through a second FIR filter having the coefficients
ECy»(z), and summing the two FIR filter outputs. The coefficients for the

FIR filters can be expressed as :

ECh(@)=[0 0 0 0 2 0 2 0 1]

(2)
EC,(x)=[1 0 2 0 1]-4

From equation (2), it can be noted that although the inputs into error
cancellation circuit 350 comprise two signals, Y1 and Y2, each having one bit

30  of resolution, the output from error cancellation circuit 350 comprises five
bits of resolution and has a range of 0 to 21. From equation (1), it can be
noted that the amplitude of the signal is not amplified. However, the
quantization noise is processed and shaped, and additional range is required
for the shaped out-of-band quantization noise. ‘
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frequency domnconver5|on stage in the receiver, thus simplifying the
hardwar e design and inprovjng yeliapility. The use of [err] ADC
provi des ‘many advantagt® ez chevent i onal (e.g. flash and successi ve(®
approxi mation) ADCs as descri bed above. The noise shaper within the [err]
ADC can be designed such that the quantization noise around the signal 35

band is pushedyRble @hs B6rde? of TRe DEdSNSPBANdPRARfRtdr 3126 r%h@ﬁ@fe?ffunctmn

BSLLS;;E d. §:9rrp| lpr{e@u‘ggggl (@Lprovides zeros at fapc/12 and 5faopc/12 8nd has'a maximum

gain at fopc/4. In the exemplary embodiment, the characteristic of bandpass
filter 512 is selected in conjunction with decimator 514, as described below.
Other bandpass filter transfer functions can also be utilized and are within
the scope of the present invention.

15 The use of bandpass filter 512 after error cancellation circuit 350
provides many advantages. In the exémplary embodiment, the received
signal is centered at fypc/4 after conversion by ADC 240a. Thus, the

amplitude response of bandpass filter 512 is designed to provide a passband

around fapc/4 and the transfer function of bandpass filter 512 comprises

20  zero for every other coefficient. This filter coefficient characteristics can be

combined with a similar characteristic of error cancellation circuit 350, as

shown in equation (2), to simplify the overall design of error cancellation

circuit 350 and bandpass filter 512. Furthermore, as stated above, the output

from error cancellation circuit 350 can comprise five bits of resolution.

25 Designing bandpass filter 512 to compute the required 5-bit precision

arithmetic can greatly increase the complexity of bandpass filter 512. In the

exemplary embodiment, error cancellation circuit 350 and bandpass filter 512

are combined such that the resultant circuit operates on the 1-bit Y1 and Y2

signals directly. Finally, bandpass filter 512 removes a large portion of the

30 quantization noise from ADC 240a such that the required dynamic range
after bandpass filter 512 is reduced accordingly.

The filtered signal from bandpass filter 512 is provided to decimator

514 which decimates the signal by a factor of N to 1, where N is an odd

number in the exemplary embodiment. For every N input samples,

35 decimator 514 retains 1 sample and discards the remaining N-1 samples.

The output from decimator 514 comprises the IF samples which are

provided to multipliers 518a and 518b. Multipliers 518a and 518b

downconvert the IF samples to I and Q baseband samples with the inphase
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| oops canlbe duw®i gnatitseare raquired dar arrar gaacelfatiom Ctrﬁélts?t%p’fé‘d)baﬂﬁﬁaﬁrﬁgéht
i nvention. MAgHhARG aSORREL 822 World! B0BEsiZAER t8 e%{@b@n faeq8na0having
forward el enen ﬁ og ?rror cggctﬁllatlon errCul it rr I n tgﬁ exe 11'3{1
enbodi ment , He-obzesolpHen; v § PIRSENgIIASEH AT LBTTRR FaRCRIR
digital ADC owsplﬂnd'llaatldp}asﬁiﬁltleean atevoombiredper sanpl e, at |east one bit
per An exemplary block diagram of the digital signal processing of the Y1
20 and Y2 signals using noise cancellation circuit 600 is illustrated in FIG. 6.
The Y1 and Y2 signals are provided to bandpass decimators 602 and 604,
respectively. In the exemplary embodiment, one bandpass decimator is
provided for each loop of MASH ADC 240a. Within bandpass decimator
602, the Y1 signal is provided to error cancellation filter 608 which filters Y1
25 with the transfer function ECy1(z) as shown in equation (2). The filtered Y1
is provided to bandpass filter 612a. In the exemplary embodiment, bandpass
filters 612 each has the same transfer function as bandpass filter 512, as
shown in equation (3). The filtered signal from bandpass filter 612a is
provided to decimator 614 which operaies in the same manner as decimator
30 514. Bandpass decimator 604 is identical to bandpass decimator 602 except
that error cancellation filter 610 implements the transfer function ECy(z) as
shown in equation (2).
In the exemplary embodiment, the transfer functions of error
cancellation filter 608 and bandpass filter 612a are convolved to generate the
+ 35 transfer function of bandpass decimator 602. Similarly, the transfer
functions of error cancellation filter 610 and bandpass filter 612b are
convolved to generate the transfer function of bandpass decimator 604. The
improvement achieved by implementing bandpass decimators 602 and 604
with the convolved transfer functions can be illustrated for an exemplary
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having the coefficients shown in equation (5).

H,=[0 0 0020 -4070-5040-10220-10 ]

15
H,=[1 0 -101020 202010 -10 1]4

®)

The convolution of the coefficients for error cancellation filters 608
and 610 with the coefficients for bandpass filter 612 to obtain the convolved
filter coefficients Hy (z) and Hyy(z), respectively, provides many

20 improvements. First, the required number of adders is reduced by the
convolution of the two transfer functions. From equation (4), notice that
the implementation of the bandpass filter transfer function Hpgpps(2)
requires 12 adders (e.g., one adder for each coefficient of 1 and two adders for
each coefficient of -3, 6 or 7). In contrast, from equation (5), notice that the

25 implementation of the convolved filter Hyy(z) requires 11 adders (e.g., one
adder for each coefficient of 1, -1, 2, 4 or -4 and two adders for each coefficient
of -5 or 7). Similarly, notice that the implementation of the convolved filter
Hy»(2) requires 9 adders (e.g., one adder for each coefficient of 1, -1, 2 or -2).
The number of adders required for the convolved filters (error cancellation

30 filter and bandpass filter) is less than that required for the bandpass filter
alone. Second, the convolved filters Hy;(z) and Hy,(2z) operate on the Y1
and Y2 signals, respectively, each having only one bit of resolution. In
contrast, direct implementation (e.g., without convolving) of error
cancellation filters 608 and 610 and bandpass filters 612 would result in

35 Dbandpass filters 612 having to operated on 5-bit outputs from error
cancellation filters 608 and 610. Third, decimators 614 can be incorporated
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characteristi csindmizhd. [err] ADC. In the
10 The quadrature downconverter as shown in FIG. 5 is redrawn in
15 FIG.7A. The IF samples from decimator 514 are downconverted to baseband
samples by multipliers 518a and 518b with the inphase cos(wct) and

quadrature sin(w_t) sinusoids, respectively. By proper selection of the ADC
sampling frequency in relation to the center frequency of the IF signal, the
frequency downconversion stage can be made trivial. In particular, if the

20 ADC sampling frequency is selected to be approximately four times the
center frequency of the downconverted image (e.g., f.=0.25¢fopc), the
quadrature downconversion by multipliers 518a and 518b can be performed
by multiplying the IF samples with the inphase sequence {1,0,-1,0,1, 0, ..
and quadrature sequence {0, 1, 0, -1, 0, 1, ...}, respectively, as shown in FIG. 7B.

25 This is because when f.=0.25¢fapc the sine and cosine functions are
computed at (in/2) and take on values of 1, 0, or -1 for integer values of i. In
the exemplary embodiment, an external frequency control loop can be
utilized to maintain the center frequency of the image at approximately one
quarter of the ADC sampling frequency.

30 Referring to FIG. 7B, it can be noted that every other value of the
inphase sequence [1,0,-1,0, 1, 0, ..]is zero. Similarly, it can also be noted
that every other value of the quadrature sequence [0, 1, 0, -1, 0, 1, ...} is zero.
Furthermore, the inphase and quadrature sequences are valid (e.g., not zero)
on alternative values. These characteristics can be used to simplify the

35 design of the quadrature downconverter.

A block diagram of an exemplary quadrature downconverter which
takes advantage of the above characteristics is shown in FIG. 7C. In the
exemplary embodiment, the quadrature downconverter is designed such
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20 filters 720 and 722 can be contemplated and are within the scope of the
present invention.
Spectral inversion of the spectrum of the sampled signal can occur
when the signal is subsampled. The occurrence of spectral inversion is
dependent on the sampling frequency of the ADC relative to the center

25 frequency of the signal being sampled. In the exemplary embodiment, the
CDMA signal is centered at fip = 0.25¢(2n+1)*fspc, where n is an integer

equal to or greater than zero, and faopc is the ADC sampling frequency. For
odd n, spectral inversion occurs and for even n, no spectral inversion
occurs. Also, decimation by 3 by decimators 614 also causes spectral

30 inversion. The spectral inversion can be corrected by selecting a quadrature
sinusoid which is 180° out of phase, or an inverted quadrature sinusoid.
The quadrature sinusoid or the inverted quadrature sinusoid can selected
through multiplexer (MUX) 724 by the spectral inversion signal, as shown in
FIG. 7C.

35 II.  Exemplary Bandpass Receiver Design

An exemplary noise cancellation circuit and quadrature
downconverter design for a CDMA application is shown in FIG. 8. The
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Y2 signals, as shown in FIG. 3. In the medium or low dynamic range mode,
the A ADC can provide either the Y1 or Y2 signal. An exemplary spectrum
of the Y1 signal is shown in FIG. 10A.

In the exemplary embodiment, bandpass decimator 802 comprises
15 error cancellation filter 808, bandpass filter 812a, and decimator 814a and
bandpass decimator 804 comprises error cancellation filter 810, bandpass
filter 812b, and decimator 814b. In the exemplary ‘embodiment, error
cancellation filters 808 and 810 are designed with the transfer functions
ECyy(z) and ECyy(2z) as shown in equation (1), respectively. An exemplary
20 spectrum of the Y1 signal after error cancellation filter 808 is shown in
FIG. 10B. In the exemplary embodiment, bandpass filters 812a and 812b are
connected to error cancellation filters 808 and 810, respectively, and are each
designed as a fifth order bandpass filter having the transfer function shown
in FIG. 8. The fifth order bandpass filters 812 are different from the
25 exemplary third order bandpass filter shown in equations (4) and (5) above.
The higher order filters are utilized to more fully capture the performance of
the ZA ADC. The error cancellation circuit produces a deep notch around
the desired signal band (thereby lowering the noise floor of the desired
signal band) and pushes the quantization noise out-of-band. To more fully
30 capture the dynamic range of the A ADC, the fifth order bandpass filter is
used to filter the out-of-band quantization noise such that the noise that is
folded into the desired signal band by the subsequent decimation stage is
comparable in magnitude to noise floor of the ZA ADC. An exemplary
frequency response of bandpass filter 812 is shown in FIG. 10C and an
35 exemplary spectrum of the Y1 signal after bandpass filter 812a is shown in
FIG. 10D. Different bandpass filter transfer functions and different filter

order can be utilized and are within the scope of the present invention.
In the exemplary embodiment, decimators 814 are each implemented
as a 3 to 1 decimator. Decimation by an odd integer (e.g., 3,5 7,9, etc)
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with the inphaggy frequency location which folds down to f,/4 after decimation by N.
Stated differently, for a decimation by N, bandpass filter 812 is designed such
that a zero is placed at mfapc/4N, where m is an positive odd integer less

20 than 2N and m #N. For the decimation by three design described above,
zeros are placed at fapc/12 and 5fapc/12. Similarly, for a decimation by five

design, zeros are placed at fapc/20, 3fapc/20, 7fapc/20, and 9fapc/20.

In the exemplary embodiment, the coefficients for the bandpass filter
which comprise the zeros at the desired frequency locations can be
- 25 _synthesized as follows. First, start with the same number of ones as the
decimation N, e.g., [111] for decimation by three. Second, invert every
other filter coefficient, e.g., [1-11]. And third, insert a zero between each pair
of coefficients, e.g., [10-101}. The filter coefficients after the third step
comprise the filter transfer function which provides the zeros at the desired
30 frequency locations. For a decimation by five, the filter coefficients are
[10-1010-101]. Similarly, for a decimation by seven, the filter coefficients
are [10-1010-1010-101). It should be noted that this synthesis method
is only applicable for odd N. However, decimation by odd N is preferred
since the image of the decimated signal is maintained at f;/4 to simplify the

35 design of the quadrature downconverter.
Referring to FIG. 8, the outputs from decimators 814a and 814b are
provided to summer 815 and combined. The IF samples from summer 815
are provided to demultiplexer (DEMUX) 816 which directs alternative
samples to multipliers 816a and 816b. DEMUX 816, multipliers 818, and
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respectively. The polyphase structure is a functional and bit-exact

equivalent to the direct implementation and takes advantage of the

20 characteristic that every other coefficient in the transfer functions of error

cancellation filters 808 and 810 and filter 812 is zero. The polyphase structure

performs simple signal processing on multiple phases of the input signal

and combines the intermediate outputs to yield the desired output.

Decimator 814 can be integrated within the polyphase structure using a

25  clocking scheme wherein the Y1 and Y2 signals are decimated by six before

any processing is performed. The pre-decimation allows the registers of the

polyphase structure to be operated at a lower clock speed which reduces
power consumption.

_ As shown in FIG. 94, the Y1 signal is provided to polyphase filters

30 902a and 904a and the Y2 signal is provided to polyphase filters 902b and

904b. In the exemplary embodiment, all registers labeled “A” in FIG. 9A are

clocked on the rising edge of a clock (fspc/2) which is half the frequency of

the ADC sampling clock, all registers labeled “B” are clocked on the falling

edge of the fopc/2 clock, and all registers labeled “C” are clocked on the

35 . rising edge of a clock (fopc/6) which is one-sixth the frequency of the ADC

sampling clock.

Within polyphase filter 902a, Y1 is provided to register 914a. The

output from register 914a is provided: to register 914b and the output from

register 914b is provided to register 914c. Registers 914 provide three phases
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whi ch is showd18e, 318dap18w) ah8)918SwitHin filter 9122 are [0, -8, 45,-21, 7, 0], respectively.

Similarly, in the exemplary embodiment, the gains of filter 912b are [0, 21, -

42,15,-3,0], and the gains of filter 912¢ are [2,-35,33,-10, 1,0]. In the

exemplary embodiment, the gains of the three corresponding filters in

15 polyphase filter 902b are [1,-5,-12,-5,1,0], [-3,0, 9,6, 0,0}, and [6,9,0,-3,0,0l.

The exemplary gains of filter 912d are [0, 2, -35, 33, -10, 1], the exemplary gains

of filter 912e are [0, -8, 45,-21,7,0], and the exemplary gains of filter 912f are

[0, 21, -42, 15, -3, 0). The exemplary gains of the three filters within polyphase

filter 904b are [0, 6,9,0,-3,0], [1,-5,-12,-5,1,0], and [-3,0,9,6,0,0]. The

20 polyphase filters can be implemented such that the coefficients can be

rearranged and/or combined to simplify the hardware design. For example,

the filter gains of [-3,0, 9, 6,0, 0] can be implemented as 3¢[-1,0,3,2, 0,0]. In

this case, the data samples corresponding to the -1 and 2 coefficients can be

scaled and combined, the resultant sum can be combined with the scaled

25 data sample corresponding to the 3 coefficient, and the overall result scaled
by three. :
Adder 920b receives the outputs from gain elements 918a and 918b,
sums the two signals, and provides the output to adder 920c. Adder 920c
also receives the output from gain element 918¢c, sums the two signals, and
30 provides the output to adder 920d. Adder 920d also receives the output from
gain element 918d, sums the two signals, and provides the output of filter
912a. The outputs of filters 912a, 912b, and 912¢ are provided to adder 922a
which sums the three signals to provide the output of polyphase filter 902a.
Polyphase filters 902b is identical to polyphase filter 902a. Polyphase filters
35 904 are identical to polyphase filters 902 with the exception that the “A”
registers 914 in polyphase filter 902 are replaced with the “B” registers 906 in
polyphase filter 904.
Polyphase filters 902 and 904 perform most of the functions of error
cancellation filters 808 and 810 and bandpass filters 812 in FIG. 8,
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The output from MUX 936a is provided to lowpass fllter 908 w
implements the transfer function of lowpass filter 820 in FIG. 8. Within
20 lowpass filter 908, the output from MUX 936a is provided to register 916e
and adder 920e. The output from register 916e is provided to register 916f
and gain element 918e which scales the signal with a gain of six. The output
from gain element 918e is provided to adder 920e which sums the two
inputs and provides the output to adder 920f. The output from register 916f
25 is provided to adder 920f which sums the two inputs and provides the I
output.
The output from adder 930b is provided to multiplexer (MUX) 936b
and gain element 934b which scales the signal with a gain of -1. The output
~ from gain element 934b is provided to MUX 936b. MUX 936b alternatively
30 selects the output from gain element 934b and the output from adder 930b
and effectively performs the function of multiplier 818b in FIG. 8. The
sequence of alternating ones and zeros [101 0 ..] from inverter 952a is
provided to MUX 954 and inverter 952b. The output of inverter 952b is
provided to MUX 954. MUX 954 implements the function of MUX 824 in
35 FIG. 8 and provides one of two sequence to control MUX 936b, depending on
the spectral inversion control signal. The output from MUX 936b is
provided to lowpass filter 910 which implements the transfer function of
lowpass filter 822 in FIG. 8. Within lowpass filter 910, the output from MUX
936b is provided to register 916h and adder 920h. The output from register
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downconverter aged h@\@nterr’chElq@anazhﬁoﬁqctﬁgdesefdreJtﬁe cﬁla@raﬁﬁe J@wrﬂcﬁns@fmbﬁs
from deci mat or 514 are downc nverte

T o e o AhE B G ENEIPR e ofto AR ABIA Faf & Bepedar oceiver yeilizing g o
sin(Werrjt) sausADds, F‘o&spehasebmd rddgiveropthe $mregfdri danofiohhef ADE error

sl 119 | 5gauggiiRckehibl P Rib0s (GFIEbLOSHESIABIC Hia i dier
if the 20. ADClasawpdl tﬂgfilt@quaMm@Ioectr@dsao Ebeatrpnaﬁetrrréumtgpﬂsomf the

tinmes the 5{&%}
0. 25[err]f[err])(agéﬁtaﬁl(r(a:l it ua raggnl}re nggﬁgg% Eﬂ[‘i@g‘%af\ *F%’F‘g‘hg%%m
and 518b can bgeggfait%,ﬂh%@mse canpgellaion girgiisgnt signilar W@s t‘?\nt At deacribed

i nphase sequen@bold. foR, thel bdhdphss Geceivet design. Thus, the adaptation of the
15 inventive concept described above for use in a baseband receiver is within
the scope of the present invention.

The previous description of the preferred embodiments is provided to
enable any person skilled in the art to make or use the present invention.
The various modifications to these embodiments will be readily apparent to
20 those skilled in the art, and the generic principles defined herein may be
applied to other embodiments without the use of the inventive faculty.
Thus, the present invention is not intended to be limited to the
embodiments shown herein but is to be accorded the widest scope consistent

with the principles and novel features disclosed herein.

I CLAIM:



and quadrature sequence [0,1, 0, -1, O, 1, ...], respectively, as shown in

FIG 7B. 25 J&bﬁW’ferr] 0.25[ err]fADC t he S@msso
cosi ne functions ar conputed at (i [err]/2) .and take on values of 1,

0, or -1 for integer va M‘\L 22he exenpl ary enbodi nent, an
external frequency \w \R be M ilized to maintain the center
frequency of the i Lappr oxi mat el F]Gﬁé quarter of the ADC
sanpling frequency. Referring to .FIG 7B, it can be noted that
every other val ue fth S -1, 0, 1, O, ...] is
zero. Simlarly, ? can%a e éaﬂpélg SDG%FES ever ot her val ue of .the

quadr at ur e equencet Jeast one (bandpasa)deqmator epch hapgpass decimator SPFRRIESINGghe
| nphase and g ‘Af\déx‘%i" _Fﬁmﬁépétﬁﬁ? $iited ' fBr \{'é&éxdlr(age aOsignADFrof® 4 analog -&ildl ital
a

al ternative val ues ese al act eristics

1«‘e\usedto S|g34|f¥ ﬁf?
desi gn of tdhe canuestar (ADGANE A tg}nnected to the error gancel %n
exenpl ary qua@ﬂ&ﬁ:ﬁ{geaﬁwﬁﬁﬂﬁ@fﬂ e wbﬁhancellatmkﬁﬁegdvﬂnt age of t he above

quadrat ur e Slonconperamer soppeste i ea bt the at 1ea¥ GRPLAN LA BELERr £

15 t hat esammiigéie bittpansof ¢he bapdpassdbatitatatermul ti pl exer (DEMUX) 716
to multiplier 718a and every other alternative |IF sanple is provided to
mul tiplier 718b. Using this architecture, nultipliers 718a and_718b_can be
operated at half tRe spé"eh& neisenantellations cisqwi4 ofradaisn dhwherrinethe P’Qécﬁﬁg 5
power conSLQ‘rptsn%.H pe.filters 720 and 722 are equivalent to | owpass

filters 520a a 520D, respectlvely However, because of demnul tipl exing by
DEMJX 716, the sanples provided to nultipliers 718a and 718b are 90 degree

out of phase or time skawdnbige ¥adcelbitdre cirbiittdfecleine Povhieyeianthed ARGt a
2 MASH sigma-delta ADC having two loops.

_ 4, The noise cancellation circuit of claim 3 wherein the ADC is a
2 MASH 4-4 sigma-delta ADC.

5. The noise cancellation circuit of claim 1 wherein a transfer
2 function of the error cancellation filter is convolved with a transfer function
of the filter to generate a convolved transfer function of the respective

4 bandpass decimator.

6. The noise cancellation circuit of claim 1 wherein the filter is a'
2 lowpass filter.

7. The noise cancellation circuit of claim 1 wherein the filter is a
2 bandpass filter.

8. The noise cancellation circuit of claim 1 wherein each of the at
2 least one bandpass decimator further comprises a decimator connected to the
filter for receiving and decimating an output of the filter.

9. The noise cancellation circuit of claim 8 wherein the decimator
2 decimates by N where N is an positive odd integer.

10. The noise cancellation circuit of claim 8 wherein the decimator
2 decimates by three.



to time aligned the | _output—and-—Q output fromlowass filters 720 and 722,

10 respecti | owpass filt O is designed with an addi t)} y

of one @¥gﬁstﬁﬁw i @“mr espect to the del ay of Io&/pbg)sigb?/l&ﬁgr
e

722. In the nt, the2dnplitude response of |owpass
filters 720 and * 722 are desi gned to be approximately simlar to
mnimze |1Q inbal ance and | Q crosstal k. The additional delay can be
provi ded by using diffeThatndisd tamcellationrdrafieof tlaim 8 aviseremn theldenimal@nd
and 722. Ajfer |V, e additional del ay can be provided by using
the sanme fi tg?%ﬁgﬁ%%&ﬁ GUnction for filters 720 and 722, which are
cl ocked at |least twice the sanple rate, and del ayi ng the out put of

filter 720 by one. hal f ?ﬁ]@pﬁ&ae \@htavstidt %Sx{cuﬁpagﬁn%)mﬁfe%ﬁ{j e f}lter is a

substantially_simlar_ anplitude response ferent delays for, | owas

20 filter$ 7bendpassriilter having coresonplaced) afmnerquagternph & sampleptatss of he
present i nvenideginated samples frorR8REdcithA¥s Si on of the spectrum of the
sanpl ed signal can occur when the signal is subsanpled. The occurrence
of spectral inversion is dependent on the sanpling frequency of the
ADC rel ative to tha3cenThe ritfise tarpllation citcuihef slagmal2 hehergirs ahplbathdpass
the exenpl ayy i iGN sé ' re 3

0. 25[err] 2n£1 Figrﬁ% eeﬁ?’?thmﬁg% n isééalg’gi I?g%%%?%&mg/qual‘fv%‘gf%]rl\hs 2
greater than Zecibnationf4dter of thesdedimat®C m dsrphipasitiveqddrioiegerdess than 3N
n, spectralgi ranarﬁdt@qu@re@fcsmaﬁdffgbcersansa’m%liﬂg fiReiehdy of e ADDON

occurs. Also, decimation by 3 by decinmators 614 al so causes spectral 30

i nversion. The spectral inversion can be corrected by selecting a
quadrature Si N4soi Thehnéibe | ant8M e |ciftuiit of dMiasd, irapledientederiiel a
quadratureii ”“i}&!ﬂgé The quadrature sinusoid or the inverted

quadr at ur e “si Y SE SN ¢ ed t hrough nmul tiplexer (MJX) 724 by the
spectral inversion signal, as shown in FIG 7C. 35 1. Exenpl ary

Bandpass Receiver Rgsign quadrature dowr@%nv‘éi‘t‘émbﬁ{;}ﬁsiﬂgi-se cancel l ation
circuit an2d quadrat ure ’

a noise cancellation circuit for receiving at least one output from an
analog-to-digital converter (ADC) and providing IF samples;

4 at least one multiplier connected to the noise cancellation circuit for
receiving the IF samples and downconverting the IF samples to baseband
6 samples.

16. The quadrature downconverter of claim 15 wherein the ADC is
2 asigma-delta ADC.

17. The quadrature downconverter of claim 15 wherein the noise
-2 cancellation circuit comprises at least one bandpass decimator, each bandpass
decimator comprising an error cancellation filter and a filter.

18.  The quadrature downconverter of claim 17 wherein a transfer
2 function of each bandpass decimator is generated by convolving a transfer
function of the corresponding error cancellation filter with a transfer

4 function of the filter.

19.  The quadrature downconverter of claim 17 wherein the filter is
2 abandpass filter.



downconverter de5|gn for a CDIVA\aple\catlon Is shown in FIG 8. The

s Sranabpses Ul WREEMRL s’ 6 ana the GuadiffsgeiSio

downconverter shovvn TN FIG sCx In t hedexenpl ary enbodi ment, the CDVA
signal has a h of 228 and is centered at
flerr]=0.25[err]( 2 1) [g'i‘fz] ﬂpé&ﬂfurermﬂ convstterr ofr elfimncl/ awhergip each

sanpl i ng freqben Dcpagsedi@ﬁm@mﬂwr(t@ﬁqﬁﬁse%fh decimadtsRecntdctéd ¢o Ehdfilirgnal
at 0.25[err] fADC after conversion by the ADC. In the exenpl ary

enbodi ment, the ADC is inplenmented as a MASH 4-4 [err] ADC as
described in the aRbrenfhei guedrdtufe dotwerbniaer cef i dainber20alwhereiftAdhé.

mdes. | n the LA 5‘%%5%%8 ROV nBie 1 RPN B e TheVithna
Y2 signals, as shown in FIG 3. In the nediumor |ow dynam c range node,
the [err] ADC can ppovi @ﬁeet#ata?ﬁtlfr?%own%n%%té' Sf‘?ﬂalmAﬂS %g%%&@%ﬁrum

of the Y1 S|gnal i s. sho he exenpl ary
enbodi nent ;2 bARAEBLAEHTHEUER 802 conprises 15 error cancel lation filter

808, bandpass filter 812a, and deci mator 8l1l4a and bandpass deci mat or
804 conpri ses errohscan el I a ag‘? fiil ter 810, bandpass filter 812b, and
deci mat or 814b t he 1 dOWBHEPRESTer CQINBFISING & cancel | ati on

filters 80& and 81@t bmast dmb ssndelaxmhl@rl mmbimd issrdﬁcnmaﬁ)r for each loop
EClerr](z) an S | el Iary
20 spectrum gf 5%3%23 ABE?@Q?# :?stgr %g&]%é T aet Eﬁé ﬁ\ﬁ o&t;g@sfr?)gr?s Swn

in Pl & tomespending l@npnpl ary enbodi nent, bandpass filters 812a and
812b are conngcggﬁimt\& edritlected B! ItAL! Qﬁnépééerd%cﬁﬂgto%‘d tHdOsummer

respectively, and are ea
P ¢ summg'tg outputs of the bandpass decunators to provide IF samples; and

two multipliers connected to the summer for receiving the IF samples
8 and downconverting the IF samples to baseband samples.

24. The quadrature downconverter of claim 23 wherein each
2 bandpass decimator comprises an error cancellation filter and a filter.

25. The quadrature downconverter of claim 24 wherein a transfer
2 function of each bandpass decimator is generated by convolving a transfer
function of the corresponding error cancellation filter with a transfer

4 function of the filter.

26. The quadrature downconverter of claim 24 wherein the filter is
. 2 abandpass filter.

27. The quadrature downconverter of claim 24 wherein the
2 bandpass decimator further comprises a decimator connected to the filter.

28. The quadrature downconverter of claim 27 wherein the
2 decimator decimates by N where N is an positive odd integer.

29.  The quadrature downconverter of claim 23 further comprising :
2 one lowpass filter connected to each of the multipliers, the lowpass
filters filtering the baseband samples to provide baseband outputs.



designed as a fifth order bandpass filter having the transfer function
shown i The fifth order bandpass filters 812 ar i

fromthe 25 q’gég%)ﬁ asry third order bandpass filter shown in e%ﬁ(q%%&?ﬁ)
and (5) above. The higher order filte?2® are utilized to rmre fuIIy
capture the perforpgmance, . of .. . the [err . The error cancell n_ .
circuit produces aggeeplﬁ\?t éﬁgﬁ?‘oaﬁa&mm}e %"B@%‘W"é&e I5ifnSiaigy q?f’é’ﬁé‘ﬂ)y
lowering tie nos letuﬂleaes?mﬁsdsmf thedowgass filters agnshbdtandallypsinjlashes t he
guanti zati on noi se out band. To nore fully 30 capture the dynam ¢ range
of the [err] ADC, the fifth order bandpass filter is used to filter

t he out - of - band qu3il|ti z&ﬂieodigitﬁlscpmdraturéhhwnhmmmee of hdaim s29 wherfeih dad
into the degir t ﬁﬁlﬁ

conpar abl eezlsndr‘%f‘ag}'S %@ghs%)gd}g%%eﬁ%&%wﬁ%gg% ‘% ggtgtd %iekgxfys of
frequency respemeiniag BHatipass filter 812 is shown in FIG 10C and an 35

exenpl ary spectrum of the Y1 si gnal after bandpass filter 812a is shown in
FIG 10D. D fferent _bandpass f | ter transfer functl cldlfferen filter
520 add a Qainy 23

order can be utili exfia att‘l‘\’fen PYECRYeRten of ¢ dorplemendad; writh
In the exerpl ar polg asH genttureleci mators 814 are each inpl enented as a
3 to 1 decinator. cimation by an odd integer (e.g., 3, 5, 7, 9, etc.)

17 - maintains the CDVA signal at one quarteL,oi——Jf—he—sanpl e rate after

t he deci mati on such that the subsequent quadra downconver si on step
can be easily perforned. Initiall y, ﬁ\gﬁ@ is centered around
flerr]/4 after the ADC conversi on, 10A and 10B. After
decimation 5 by three, the CDVA si gnal 4 s°f ofded such t hat the signal
centered at f[err]/4 is translated to f[err]/12 or f[err]/4, where

flerr] is the sanple rate of the deci mated



sanpl es. For inproved performance, the noise at f[err]/12 is filtered by
pl acing a notch at that frequency |ocation in bandpass filter hown
in FI G MO¥S54$ t hernore, it can be noted that the si gnaﬁ’@éﬁsggﬁﬁ% 12
also folds 10 down to f[err]/12 after the decinmation by three. Thus,
bandpass filter 812 is desi gned Wtk a second notch at 5fADC/ 12 to
filter out undesirable signals-at------ tRi~s ~f--equeney-toeeati;on which wl|l
fold down to fADC/ 12. The exerplra+y oﬁ&tluuluf ttreYlsi gnal after
deci mati on by three is sho in FIG 10E. 0O As s} ated above, the
transfer functign of bandpads filters 812 €@ sel ected 15 based on the

sel ection of de® mators $12.| In the exerrpla@ enbodi nent, | t ke transfer
function of band;ﬁ filten]812 is designeé@Qvth a zero af fi[err]/4 and at

each frequency |lo i on whidh folds down tmﬁ[err]/4 aftef decimation by N.
Stated differentl y&for & decTgairon by N, bandpass TiAter 812 is designed
such that a zero is!placeq at nf[err]/4N, whgye mis an positive odd
integer less 20 than 2N.agd Ml err] N. For the d&tinELiop by three design-
descri bed above, zer oy aced at fADC 12~apd of ADCh12. Sinilarly,
for a decimation by fivet @esijgn, zeros are pl atedRat fQyerr]/ 20,
3f[err]/ 20, 7f[err]/20,§and N ADZ 20. I n <ﬁ exanpl ary

enbodi ment, the coeffi chf,\nts fgf the bandpass filter wHi ch conpri se
the zeros at the desiredifrequghcy | egations can be 2 ntthesi zed as

s
follows. First, start w thstfhe safe fanpeg of one® &s thel] + decimation
N, e.qg., [111] for deci mitﬁonﬂathre g\d, i BY¢rt/dvery) ot her

: : e

filter coefficient, e.g. 2 [ And i nsexry 0 tbet ween each
pair of coefficients, eL.q. 1 0 -1]0 1]. The filterlcaefficients
after the third step » conpiase the fifl tgr transfer®function which

provides the zeros at the dgsiled 30 frdquency Iocat@nss"ol-‘:or a decimation
by five, the filter coeffii@en are 01 0 Q-+ QG 1]. Simlarly,
for a decimati on by sever], -ﬁ : oqf fandi &n ‘" are [10-10 10-101
0-1 01]. It shoul d be notied tR&Ythis synt hedi@ et hod > vis only

applicable for odd N. However, Kecimtion by odd Nis ef err ed si nce
the i mage of the deci matgd si gnled—-s—rei-Ata-red—at—terr]/4 to sinplify the
35 design of the quadratUreé downconverterd. - o eeewo- Referring to FIG
8, the outputs fromdecimators 814a and 814b are .
\ g . O
— e
84

122

3
ot

\q

[an]

N

P T I AP

LO1

PRIOR ART
102

_,_------,--------f.




provi ded to sumrer 815 and conbi ned. The |IF sanples from sumer 815

are provided_ to denultiplexer (DEMJX) 816 which directs alter I

sanples to r’rﬁ‘f‘??gﬁs?@rs 816a and 816b. DEMUX 816, multipliers g%g'},dégwgosso
18 mul tiplexer (MJX) 824 performthe functions as described for DEMJX
716, mul tipliers 718, and MJX 724 ag/ﬁpomn in FIG 7C The outputs from
mul tipliers 818a and 8%8b are provided to [owpass filters 820 and 822,
respectively. In the exenplary enbodi nent, |owpass filters 820 and 822 5
have the transfer functi as shown in FIG 8. The transfer function of

| owpass filter 820 has s tantially simlar anplitude response to the
transfer function of |owa filter 822. However, the transfer function of
| owpass filter 820 provides an additional delay of one sanple with respect

to the delay of |owpass fiJTer 822 °Such that tThRe | output is tine
aligned with the 10 Qoutput. | o [TL Exenplaqy Pol yphase
| npl enent ati on The nonse'cﬁhcellation cihrcuit and quadrature
downconverter shown 15 in FIG, 8 8gn Be ijrpl emented in nmany manner. An .
exenpl ary i npl ement ati ongof the—mgrse cancell ation circuit and
guadr ature domnconverteré@eiqg a flyphase strdcture is shown in FIGS.
9A- B, respectively. The\@olﬁg asd—structure ig a functional and
bi t - exact equi val ent to the di recg i1 tatiton and takes advant age
of the . < O .
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20 characteristic that every other coefficient in the transfer functions
of error u@ﬁﬂ ation filters 808 and 810 and filter 812 j he
pol yphase struct égk perfornms sinple signal processing on]k§W%§éﬁng

phases of the input signal and conbines the internediate outputs to
yield the desired output. Deci mat 83/1814 can be |ntegrated within the
pol yphase structure using a 25 cl ocking schene wher the Y1 and Y2
signals are decimated by six before any proces§§

se structure to be
Wer consunpti on.
phase filters 30
filters 902b and

is perforned. The
pre-decimation allows the registers of the polypgg
operated at a | ower clock speed which reduces
As shown in FIG 9A the Y1l signal is provided to poI
902a and 904a and the Y2 g gnal is provided to pol yph

904b. In the exenplary enfpdinent, all registers Ipbe&ed "A" in FIG 9A are
cl ocked on the rising edge a cl ock (f[err]/2) i FJS hal f the
frequency of the ADC ling clock, all g% Bes 5 | abel ed "B" are

cl ocked on the falling ge of the f[err]/2 kO land all registers

| abel ed "C' are clocked on the 35. rising edge of}{ gk (f[err]/6) which
is one-sixth the frequency of the ADC sanpl i Bk

Wt hin polyphase filter 902a, Y1 is provided to repgi § 914a. The

output fromregister 914a is provided to register_} nd the output from
register 914b is prOV|ded to register 914c, Regi skdPs>M4 provide three

phases of the Y1
signal. The three phase-iﬁ_dﬂ frOﬁf‘é@Fﬁ?ﬁ‘914a,-914-,-and“914c are
provided to filters,9128—S 0 Eﬁ =sp€ct|Ver kil filter 912a,
t he out put frofn rreg Q Hedh t o Y eg 8a, the output
from ' . ‘o :
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regi ster 916a is provided to register 916b and gain el enment 918a, the

output 5 fromreqgister 916b is provided to register 916¢c and | nt
918b, the Wo?ﬂﬁ%ﬁﬁﬁ fromregister 916¢c is provided to regi st%ralllgigééﬁ%ﬁd
gain el enment 918c, the output fromregister 916d is provided to

regi ster 916e and gain el enent 91842 the output fromregister 916e is
provided to register 916f and gain el enrent 918e, and the output from
regi ster 916f is provided to gain element 10 918f. In the exenplary
enbodi ment, the gains of gain elenents 918a, 918b, 918c, 918d, 918e,
and 918f within filter 912a are [0, -8, 45, -21, 7, 0], respectively.
Simlarly, in the exenplary enbodi nent, the gains of fllter 912b are [0,

21, - 42,15,-3,01, and the gains of filter 912c are
[2,-35,33,-10,1,0]. In the exenpl ary enbodi nent, the gains of the

t hree corresponding filters in 15 pol yphase filter 902b are [1, -5, -12,
-5, 1, 0], [-3, 0, 9, 6 0O, O], and [6, 9, O, -3, 0, O]. The exenpl ary

gains of filter 912d are [0, 2,-35, 33, -10, 1 :)the exenpl ary gains

of filter 912e are [0,-8,45,-21,7,0], and the xenplary gains of filter
912f are [0, 21, -42,15, -3, 0]. The exenﬂkgry gains of the three
filters within polyphase filter 904b are [® 6,9,0,-3,0],
[1,-5,-12,-5,1,0], and-[-3,0,9, 6 0,0]. The 20 Apol yphase filters can be
-.-learranged and/ or

np! e, the filter

- - -

conbined to sinplify the hardmare de5|gn
gains of [-3,0,9,6, 0, 0] car be | err] 1-1, 0, 3,2, 0, O].

In this case, the data sanpl gs correspon td the -1 and 2
coefficients can be scalied ahd conbi ned. the resul tant sum can be
conbined with the scaled 25 (datalsanple corﬁ%s ondhng to the 3

coefficient, and the overall result scaled hy three. Adder
920b receives the outputs fron1ga n el ements Plfalamd 918b, suns t he
two signals, and provides the out put t 0. addeR QEO,..Adder 920c al so
recei ves the output fron1gamﬂ el eprent 918c,'§gnﬁ h¢ two signals, and 30
provides the output to adders920d| Adder 920d]dFsp recei wgs the output from
gain el ement 918d, suns the Yo s gnhal s, and pr Vi des the out put of filter
912a. The outputs of filters ©¥12al 912bX andX®1Pc aje prd@?ded t o adder
922a whi ch suns the three si gnal e the outmut of pol yphase
filter 902a.

For

-
-

412
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P I I I R I
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Pol yphase filters 902b is identical to polyphase filter 902a. Pol yphase
filters 35 904 are identical to polyphase filters 902 with the exception
that the "A" w°99’35716eg| sters 914 in pol yphase filter 902 are Pﬁﬁﬂﬁé@&sﬁﬂth
the "B" registers 906 in pol yphase filter 904. Pol yphase
filters 902 and 904 perform nost of the functions of error

cancellation filters 808 and 810 and bansiftass filters 812 in FIG 8,

20 respectively. The output from pol yphase filters 902b and 904b are
provi ded to gain elements 932a and 932b, respectively. Each gain

el ement 932 scal es t he respective output with an exenplary gain of four
to account for the gain....of.eccoc QamuﬂJiulpn filter, 810. The out put
from pol yphase filter 902a apd—S = ' sm-gai n el ement 932a are
provi ded to adder 930a Whi ch|suns @§ two signals. Sinmilarly, the
output from pol yphase filter]904a and ' output frgm gain el enent 932b

ich suns R two |gnahs The outputs from
b the two 9 & out put s [from tihe noi se
e outputs 10 ﬁronlDENUX 816 in

are provided to adder 930b
adders 930a and 930b conpri
cancel lation circuit and corfespond tqg

FIG 8. Refarrlng S c—OB —t-he t from adder 930a is
provided to mul tipl exer (N il el enent, 934a whi ch scal es
the signal with a:gain of The out put fron1ga|n:elenent 934a is
provi ded to MJX 936a. . V' s77s V3 sel ectis the output from

gain el enent 934a and tihe kb
perfornms the function 0f|ﬁ§1' i
i nverter 952a prOV|des.a se( Df

.] which is used to contro D364a.

eg§?<0a and effectively
i H G 8~ Regi ster 916g and
‘égnﬁtlng ones and zeros [101 0
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The out put- from MJX 936a is provided to | owpass filter 908 which

i npl ements the transfer function of |owass filter 820 in FIG_ 8. WB@fE 20
| owpass filtBOWEET46 he out put from MUX 936a is provided to r E§GTHEY e
and adder 920e. The output fromregister 916e is provided to regi ster 916f
and gain el ement 918e which scales the signal with a gain of six. The

out put fromgain el ement 918e iséptdvided to adder 920e which suns the
t wo i nputs and provides the output to adder 920f. The output from

regi ster 916f 25 is provided to adder 920f which suns the two inputs and
provi des the | out put . The output from adder 930b is
provided to multiplexer (MJX) 936b and gain el enent 934b which scal es
the signal with a gain of -1. The out put@ fromgain element 934b is
provi ded to MJX 936b. MJX 936b alter na&_iv-\lely 30 selects the output from
gain el ement 934b and the output from mger 930b and effectively
perforns the function of nmultiplier 818b%&in FIG 8. The sequence of
alternating ones &@®d zeros [1 01 O ...],Tfrominverter 952a is provi ded
to MJX 954 and inve r 952b. The ou of inverter 952b is provi ded
to MUX 954. MJUX 954 | ements the fwnction of MUX 824 in 35 FIG 8 and
provi des one of two seéquence to contr X 936b, dependi ng on t he
spectral inversion control si : m MUX 936b is

provided to |l owpass filter 91Q which i enents the transfer function of

| owpass filter 822 in FI& -8~pW<4H n | owpass-fi4+t¢r-940, the output from

MUX 936b is provided fo—1gyyister -916h and adygr} 920h. The output from
regi ster X O | ' Ol .21 916h is al so
provi ded to adder 920h whéq h_,sﬁm; the two i np&f aJE br bvi des
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the output to gain el enent 938.' Gain el ement 938 scales the signal with a

gain of four and provides the Q out put. The present_] I
has been descVPB¥&H®r a bandpass sampling 5 receiver utili m?@qﬁs%@bgp
ADC. For a bandpass receiver, the trangfg function of the error

cancel lation filter is selected agcordingly apd a bandpass filter is
used to filter the quantization n@ se before the quadrature downconversi on.
The present invention is also apph cabl e forO’@J baseband receiver utilizing

a [err] ADC. For a baseband ceiver, thetransfer function of the
error 10 cancellation filter is dified fory,1he baseband [err] ADC and a
| owpass filter is used to fiMter the qu#mti zation noise. The transfer
functi.ons of the baseband erfor cancellation filter and the | owpass
filter can be convolved to gererate t rse cancel lation circuit in

simlar manner to that descri Qed“ e abqy @ I he bandpass receiver
design. Thus, the adaptatior )fﬁgﬂe 15 &puetile concept described above
for use in a baseband recei ve"\r;i =] p scope of the present

i nvention. The prevyons descri t he pfaferred enbodi nents
is provided to enabl e any pegson ski l the art™~to nake or use the
present invention. The—var i,.Qps di fi ons t@ thpse enbodi nents will

kil ed iga the art— angsthe generic
' | 0 otdser Brbodi nents without
-esent invention is not
shown herein but is to be
t he dri nci pl es and novel

(=

be readily apparent to 20 d&hose
principles defined herein nay be
the use of the inventive faol
intended to be limted to the

features disclosed herein. 25
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22 . . 1. A noi se cancellation circuit conprising: 2 at

| east one bandpass deci mator, each bandpass deci nmator conpri si

error cancel WQ9%¥¥746 | ter for receiving a signal froman anal B‘S:Ei‘{"‘()s-g"‘adlﬁ Eggl?al
4 converter (ADC) and a filter connected to the error cancellation circuit

for filtering an output fromthe er80s2 cancellation filter; and 6
a summer connected to each of the at | east one bandpass deci mator for
summi ng the out puts of the bandpass deci mators. 2. The noi se
cancel lation circuit of claim1l wherein the ADCis a 2 sigma-delta ADC
3. The noi se cancellation circuit of claim2 wherein the ADCis a 2 MASH
sigma-del ta ADC having two | oops. 4, The noi se cancel |l ation
circuit of claim3 wherein the ADCis a 2 MASH 4-4 sigma-delta ADC
5. The noi se cancellation circuit of claiml1 wherein a transfer 2
function of the error cancellation filter is convolved with a transfer
function of the filter to generate a convol ved transfer function of the
respective 4 bandpass deci nator. 6. The noi se cancel |l ation
circuit of claim1 wherein the filter is a 2 |owpass filter.
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.f
The noise cancellation circuit of claiml1l wherein the filter is a 2

ba}lldpass filtvwH 9935746 8. The noi se cancellation circuit of claim1l
jerei n each o? /|3”I at 2 |east one bandpass deci nator furtherPWP{ﬂgség a
deci mator connected to the filter fo?/k2eceiving and deci mating an
output of the filter. 9. The nqi,se cancellation circuit of
claim8 wherein the deci mator 2 deci mates byoN where N is an positive odd
i nt eger. 10. The noi—@ cancel | aoi[‘fbn circuit of claim8 wherein
the decimator 2 decimates by tt%h 11. The noi se
cancel lation circuit of claim8,Wherein the c%Iem mator 2 deci mates by five.
12. The noi se cancel |l ation Cil’fUIt of clal?wS wherein the filter is a 2
bandpass filter having a zer aced at onel gquarter of a sanple rate of
deci mated sanples fromthe d<rcm'rat r. 13. The noi se cancel lation
circuit of claim 12 wherein_{hefbapdpass|23ilfer is designed with
addi tional zeros placed at 31[efr] 4N \&}neréN s-a
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deci mation-factor of the decimator, mis an positive odd integer |ess than
2N 4 and not equaled to N, and f[err] is a sanpling frequency of the ADC.
14. The noi YOBYIIM | ation circuit of claiml inplemented wi tPﬁ:Tépszgmsso

pol yphase structure. 15. A quadr at ure downconverter -conpri sing:
2 a noi se cancellation circuit fgfizreceiving at |east one out put
from an anal og-to-digital converter (ADC) and providing |F sanples; 4

at |east one nmultiplier connected to the noise cancellation circuit for
receiving the IF sanples and downconverting the IF sanples to baseband 6

sanpl es. 16. The quadrature downconverter of claim 15 wherei
the ADCis 2 a signma-delta ADC.,, 17. The quadratur% N
downconverter of claim 15 wheregbn the noise 2 cancellation cuit .
conprises at |east one bandpa""“‘deci mat or, each bandpass é e¢i mat or @)

conprising an error cancellati filter and a filter. 8 18. e
quadr ature downconverter of clgim 17 wherein a transfer 2 fyaction of each

bandpass deci mator is generate hy conyolving a transfer flungtion of the
correspondi ng error cancell ati nOfllteg{vmth a transfer 4 f ncglon & the
filter. 19. The quadr &t ure foynconverter of clai m|l7 wher t he

filter is 2 a bandpass filter
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20. The quadrature downconverter of claim 17 wherein each 2 bandpass

deci mator further conprises a decimator connected to the filter.

21. The quad¥2P¥¥48ownconverter of claim 20 wherein the 2PGEAISAYPLSEO
deci mates by N where N is an positive odd integer. 22. The

guadr ature downconverter of claim15 imnplenmented with 2 a pol yphase
structure. 23. A quadrature downconverter conprising: 2

at | east one bandpass deci mator, one bandpass deci mator for each | oop of
a MASH [err] ADC, each bandpass decinmator receiving an output fromthe 4
correspondi ng | oop; a sumer connected to the bandpass deci mators,
the sumer 6 summ ng outputs of the bandpass decinmators to provide IF
sanpl es; and two nultipliers connected to the sumrer for receiving
the I F sanples 8 and downconverting the I F sanples to baseband sanpl es.

24. The quadrature downconverter of claim 23 wherein each 2 bandpass

deci mator conprises an error cancellation filter and a filter.

25. The quadrature downconverter of claim 24 wherein a transfer 2
function of each bandpass decimator is generated by convolving a transfer
-function of the corresponding error cancellation filter wwth a transfer 4
function of the filter.
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26. The quadrature downconverter of claim 24 wherein the filter is 2 a
bandpass filter. 27. The quadrature downconverter of claim
wherein the WO¥MSss deci nator further conprises a deC|natoPC36ﬁﬁ%@F@h
to the filtery 28. The quadrauuyﬁzdomnconverter of claim 27
wherein the or decimates by N where Nis +ve odd integer.
29. The quady at ure downcC urther conprising: 2

one l-owpass filter connected to e multipliers, the | owass
filters filtefing the baseband sa to provide baseband out puts. 10A
25 30. The digital quadrature downconverter of claim 29 V\A’Elg‘n 9
anpl i tude responses of the |lowpass fjlters are substantially similar.

31. The di gi tal quadrature‘ﬁbmmconvérter of claim29 wherei'n a 2 Uel ay
response of one lowpass filters isfe#ayed with respect t&od2l ayregof
remaining filters. 32. The quadrature downconverter of claim 23

i npl enented wth 2 a pol yphase structure.
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(57) Abstract

A noise cancellation circuit and quadrature downconverter for use in conjunction with a bandpass recsiver. The noise cancellation
oompnses at least one bandpass decimator and 2 sommer. The output from each loop of a sigma—~delta analog-to-digital converter (ZA
ADC) is provided to a respective bandpass decimator. Each bandpass decimator comprises an exror cancellation filter, a bandpass filter, and
a decimator. The transfer functions of the error cancellation filter and bandpass filter are convolved to provide the transfer function of the
Bandpass decimator. The filtered signal is then decimated by N. The decimation by N can be incorporated within the bandpass decimator
such that the bandpass decimator operates at 1/N of the frequency of the ADC sampling clock. The signals from all bandpass decimators
are surnmed together and the resultant IF samples are provided to two multipliers which downconvert the IF samples to I and Q baseband
| mmples with an inphase and a quadrature sinusoid, respectively. The baseband samples are lowpass filiered to further remove quantization
noize and undesirable signals. The center frequency of the analog input slgnal the ADC sampling ¢lock, and the decimation by N can be
selected such that an image of the input signal appears at 0.25f;, where f; is the sample rate of the decimated samples.




