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COMPLEX DIGITAL SAMPLING CONVERTER
FOR_DEMODULATOR

The present invention rehtes_ to apparatus
for recovering the modulating signal from a modulated RF

¢arrier signal and, more particularly, to a éomplex digital
- sampling converter for converting an intermediate-frequency

(IF) signal_'“to baseband for subsequent demodulation, and
substantially reducing effects of input signal DC bias

. and/or sampling time misalignment.

It is well known to utilize a superheterodyne form
of receiver, in which the received carrier signal is fre-
quency converted to an intermediate. frequency (IF) at which
£filtering and modulation detection are accomplished. It is
highly desirable to provide the IF receiver portion in
monolithic integrated circuit form.

_ One integratable demoduiato: is the baseband, or
zero IF, EM demodulator described and claimed in U.S. Patent

© 4,755,761, issued July 5, 1988, assigned to the present
- applicants, the description in which is incorporated herein

by reference. A zero-IF basgband demodulator 10, as
shown in Figure 1, receives the down-converted IF signal at

an input 10a £or'applicat16n‘ to first irputs ll-la and 1ll1l-2a
of first and second RF mixer means 11-1 and 11-2. A local=-
ly-generated LO signal at the carrier frequency is provided
at another input 10b; the local oscillator LO signal 1s

applied directly to a second input, e.g. :mput 11-2b of one
of the mixer means 11, and is phase-ahifted by 90°, in a

quadrature shift means 12, to provide a quadraturo LO signal

at a second input, e.g. ‘;npu’t 31-1b, of the other mixer
" means. The baseband signals at mixer outputs ll-lc and
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ll-2c are respectively an insphaee aignal and a guadra-ﬁj:
ture-phaee signal, After suitable lowpaea filtering in one
of lowpass filter LPE means 14-1 or 14-2, a baseband in-

"-phaae I aignal ia provided at an intermediate hode 10c-1
"while a baaeband quadrature-phase Q signal is provided at
' another intermediate node 10c-=2. We denote- the ;portion of

demodulator 10 prior to nodee ch as a: converter, and denote
the portion after nodea 10c aa a diacriminator.f In the.
diacriminator, each of the aignala is delayed by a time-
interval At in one o£ aeaociated delay means lS-l or 15-2,

to provide respective delayed in-phase aignal I or quadra-'

ture-phaae delayed aignal Q' A £irat multiplier 16-1

| J?receivea the delayed I' signal at a first input 16-1a ana
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the undelayed Q aignal at a eecond input ls-lb 80 provide
at an output ls-lc aignal which is. the QI*' product, and is
applied to a first input 18a of a summation means 18. A

" second multiplier means 16-2 ‘receives the delayed Q' signal
~at its tirat input 16-2a and the undelayed I signal at its

second input 16-2b £or providing at its output 16-2¢c a
product IQ' signal for application to a aubtractive second

_input 18b o£ the aummation meana. The difterence signal at
' output 18b provided at detector output 10d, is the modu-
“lation data which haa been recovered from the frequency-
'modulated IP input aignal By alteration of the circuitry

after nodea lOc, phaae-ehift keyed (PSK) and. continuous-

' phase/frequency-shift-keyed (CPESK) modulation can be

recovered. 1 _
It will be aeen that demodulator lO utilizes a

"number of analog blocka. it is highly deairable to utilize
30

digital aignal proceaaing to reduce :the size, power and unit
coot and increaae the reliability of each of these blocks,
as well as to Iacilitate fabrication of a completely digital
demodulator as part of a single integrated circuit chip.
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One promising digital demodulator is that of W. Rafferty et
al., as described and claimed in U.S. Patent 4,647,864,

:issued March 3, 1987, assigned to the present applicants,
" the description in which is incorporated herein by
freference. This non-coherent digital demodulator of analog
" FM signals utilized an analog-to-digital converter for

' converting the analog EM signal at the IF frequency to a

sampled stream of digital data words, which are applied to a

‘digital mixer for sorting into separate I and Q data streams

vhich comprise the baseband representation of the modulated
waveform. The use of a converter outputting two baseband
data streams is necessary in order to retain both the phase
and frequency information contained in the IF signal. A

' subsequent digital non=coherent detector is used to extract

a sine £unction whose argument is propottional to the -
modulatinq signal. This function prqvidee a demodulator

digital data output, which can, if required, be converted
"' back to an analog signal to provide a demodulator analog

output. While substantially of digital nature, the entire
cbnverter-discriminatbr apparatus was found to produce a
pair of undesired ocutput side lobes whenever the sampling

'-frequency was not exactly equal to four times the carrier
- frequency, and was also found to contain a second pair of

undesired eidelobee, if the afbrementioned £requency offset

‘was present and there also was any DC content in the IF
'1nput signal. These two problems are associated with the

converter portion of the apparatus. It is therefore highly

- desirable to provide a conplex'di§1til'seup11ng converter in

which DC bias and/or offset frequency errors do not substan-
tially affect the modulation recovered by a eubsequent
diqital discriminator portion of a FM demodulator.
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‘In’ one aspect of the invention. a complex

- digital’ eampling converter for an IE demodulator includes:

an analog-to-digital converter (ADC) neens receiving the IF
‘analog signal for conversion to a digitel data stream by
‘sampling at a sampling rate freguency substantially equal to

-'four timee the IF signal frequency, digitel mixer meane for

converting the sempled datn to basebend neans for sorting
the interleaved sequentinl inrphase 1 data words and:

.guadrature-phase Q data worde into e pair of concurrent I

and Q'data word streams, and at leest one of meens for

fremoving the effects of nc offset in the anelog It'signal

applied to the ADc and means for correcting misaiignment

'errors in the concurrent I and Q streams.

In the present preferred embodiment, both correc-

"’tion meens are utilized. The Dc offset removal means uses
":averaging of the baseband samples. while the misalignment
’correction means everages each pair of guadrature-phased Q

data words uhile compensating the inrphase I data streams

”for the extre delay in the averaged Q data.,'

By means of the invention there can accordingly

be provided a novel complex digital sampled converter, for
o use with a digital demodulator, which removes '

'l'_substantially all effects of analog signal input Dc N

25
| :idata._“

biasing and/or sampling freguency error upon the recovered

The objectives and benefits of the present

ﬁ'm'invention will become apparent upon xeading the following

- 30

detailed description, oo . when considered in '
conjunction with the associated drawings, in which:

Figure 1 is a schematic block diagram of a prior

4=
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~ art zero=IF baseband demodulator;

Figure 2 is a schematic block diagram of a
complex digital eempling converter, in accordance with the

" principles of the present invention, for producing baseband

I and Q signals substantially free of DC input bias and/or
sampling frequency error effects;

Eigure 2a 13 a graph 111ust:at1nq an input analog
signal'wave and the nature of the complex digital sampling

'pfocese, and useful in appreciatinq tho'p;oblems.alleviated
'by the present invention;

Figure 2b is a schematic block diagram of a
digital mixer utilized in the present invention.
Figure 2c is a schematic block diagram of one type

- of digital signal averager for use ia'the_p:esent invention;

and : : .
‘Figure 3 is a schematic block diagram of one
presently preterred embodiment of a complex digital sampling
converter of the present 1nwent1on, for use in a digital EM
demodulator.

--.._.1 . '.- r_,,. :.:. . ‘:: .-..'._ .. i".""x'

R

The presently preferred embodiment of our con-

e verter is 111uet:ated in an EM demoduletor. Referring

25

30

1n1tielly to Figures 1 and 2, it will be seen that the

demodulator digital £requenoy discriminator portion. which
comprises diqitel delay means 1s, digital miltiplier means
16 and diqitel adder means 18, operates ‘upon the in-phase I

‘data signal and the qned:eture-phase Q data signel, respec-

tively, at nodee 10¢c~1 and 10¢-2; the £u11y-diqital dis-

-criminator iuplementetion 1n the Refferty et al. patent can

be, _and p:eterebly is, utilized for this portion of the
digital'rn demodulator. The preeent invention is a complex

| digital samplinq converter means 20 (Figure 2) which

-5
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data words at a pair of output terminals 20¢, equivalen* to

- the: nodes 10c” at the input of the discriminator portion.-
_Converter ‘20 receives the (frequency-modulated) analoq IF

signal at an input 20a; the IE signal haa a center, or

'carrier, £requency E . illustratively 4MHz A sampling clock

CLK signal is received at an input 20b. with a sample

freqnency E ideally equal to £our timee the IE carrier fre-
'-quency (i.e.f' -4! ), for producing the I and Q data streams

at outpute 20é-1 and 20c-2, reepcctively, £or introduction
into the digital discriminator portion of the denodulator.

suhctantialiy-equaily—spaced sampiea. each a digital data
word of n paraliel data bits at a data output port 22c,-

~“dnring each cycle o£ the input analog eignai.; Erequency

tranalation ot the sampled data to baseband is then per-"

‘formed’ by a set o£ latches in a digital mixer means 24. The

stream of digital data words from ADC means 22 is provided
to a first mixer mcans input '24a. The mixer has a local
oscillator input 24b at. which is received a square wave
signal at substantiaily ‘the IE‘frequency ? ; this square

wave aignal is provided by dividing the ciock CLK signal (on
" cleck bus 21) by.a factor o: 9, in a divide-by-four means

26. _
L In accordance with one aepect ot the preeent :

'-invention, tha-baseband data eignal, at digitai mixer output
"24c, is applied to a data input 28a of a e oftaet removal

meana 28, which aieo receivea tho clock aignai. £rom bus 21

" at a secénd input zab. The outpuc 28c of tho Dc oftset

removal means ia a etream oz digitai data worda £rom which

'tho effecta o£ any Dc biaa on the analoq input aiqnai has

'The bandpaae analog Ir input aignai ia appiied to. the analogk‘FJ
input 22a o£ a sinqie ADc means 22. which receivoa the clock
] siqnala at a sanpiinq-etrobe input 22b. <o provide four
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been_remoVed.' This data stream is provided to the input 30a
of a I/Q sorter means 30, having second input 30b receiving

"a substantially square-wave signal at onefhalflthe clock CLK
- frequency, as provided by a divide-by-two means 32. Sorter

means 30 sorts the time-sequential, interleaved I and Q data

- words so that a pair of sorted in-phase I, and sorted

-+ quadrature-phase Qs data words simultaneously appear at
‘sorter outputs 30c and 30d. The sampled data words arrive

“-at input 30a in a sinqle stream at the. sample rate

f(F =16MHz here) and leave in a pair of streams ‘each at half

*“the ‘input sample rate (e.g. the I, and Q  words stream out

”at rs/z-aunz ).

In accordance with another aspect of the present

- invention, a quadrature ‘compensation means 34 receives the
~'sorted I’ and Qs data words and substantially removes the
pair of modulated output side lobes which will normally
" occur if the sampling, or clock CLK, frequency F, ‘is not
- exactly equal to four times the carrier frequency F of the

IF signal input to the demodulator. ‘Quadrature correction
means 34 includes a compensate delay means 34-1, receiving
the I, signal at a first input 34a for producing a delay-

- corrected in-phase I signal at a first output 34c, coupled
' to the complex digital sampler output node 20c-1l, and also

includes a misalignment correction means 34-2, receiving the

‘Q signal at a second input 34b and providing the

quadrature-corrected, quadrature-phase Q data stream at an

‘output 34d, for coupling to the complex digital sampler

second output node 20¢c=2. -
It will be seen that only a single ADC means 22 is

‘utilized. Unlike the mostly-analog converter in the prior
-art demodulator shown in Figure 1, in this c§nVerter analog
‘mixers and a quadrature phase splitter are no longer needed.

As the digital mixing process does not produce higher
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'next sample sz occurs at a time T/4 after sample 1, and
_._produces a data sample 38b. assigned to the quadrature-phase
Q data stream__ Thereafter, azter:another time interval T/4,

) fourth samples in each cycle are properly assigned to the -
;,respective 1l and Q data steams, but require multiplication

RD-18,590 ., °

_£requency terms, there is no longer any need for lowpas&,f

filters. Most importantly. there is no requirement for. two

:,_totally separate channels, each containing a mixer, a £ilter.'
'and a ADC means so that the need £or obtaining closely-
'matched phase and amplitude response is removed._

?igure 2a illustrates the complex digital sampling

_process,”wherein an analog signal waveform 36, occupying a
i_time interval T-l/sc, is sampled four times during each
_cycle thereof. The. £irst sample s1 produces a sampled
_signal 38a. of a first amplitude which is converted to a

data word to be assigned to the inrphase ) & data stream.' ' The

a third sample 83 is taken; this:is another I sample..

___Because the sample data 38c of sample s3 is now. at a time :
.interval r/z a£ter the initial I sample sl, it occurs during

the opposite-polarity halt-cycle from the S _1 sample and must :

_involve an inversion o£ the I data,.i e. is an inverted I,

or I,_sample.“ Similarly, the fourth sample s is-a next Q

sample, S0 that the fourth sample data 38d is an inverted Q,
or Q, sample.h Thereafter, the 4-sample-per-cycle process

- J; repeats, with a I data stream sample Sg, a Q data stream
25

sample ss. and so forth. It will be seen that the third and

~

by a factor of =1, which is e££ectively implemented as

fsimple inversion of the two s-complement representation of

~ the. sample data, . Thersfore, the complex digital sampling
_iprocess can be accomplished in threc separate steps. (a)
,'sampling of ths input wavetorm at a sampling £requency

By mhich.is;Zour_times its center, or carrier, frequency Fos
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(b) ipversion of alternate pairs of the sampled signals; and

- (c) proper splitting of the stream of data samples into

in-phase 1 and quadrature-phase Q components. These three
process steps are carried out respectively in ADC means 22,

digital mixer means 24 and I/Q sorter means 30.

Referring now to Figure 2b, the digital mixer
means 24 must convert the sample data stream down to base-
band. This conversion is accomplished by a two's-complement
inversion of every other pair of data words in the sample
stream. The two's-complement inversion uses (a) inversion
of each data bit of the input data (a one's-complement
inversion), and (b) the addition of a value 1 to thq'result
of (a). Here we use exclusive-OR gating, ideally with a
center-frequency Ec signal, which inherently inverts every
other pair of sample data words, for the one's-complement
inversion part (a). Having to produce an approximation of
the center frequency, the local signal is provided by

. dividing the sampling clock CLK signal by a factor of 4 (in

meang 26). The single data stream is therefore introduced

- at mixer means input 24a, and each of the n parallel data

bits is provided to a first input 40a of an associated
exclusive-OR gate 40, which also receives the center fre-
quency square-wave signal at its remaining input 40b. The
exclusive-OR gates do hot affect the input data when the
input-40b is at a low logic level, but perform a one's-
complement inversion when the input 40b is at a high logic
level. In order to correctly complete the inversion of the

B - two's-complement data appearing at input 24a (from ADC means

22), the quantity one must be added to the n=8 bit result of
the ‘one’'s-complement inversion. The one's-complement-inver-
sion data at gate output 40c'is'temporarily latched, in
latch means 42, responsive to a selected edge of the samp-

| - 1ing clock CLK signal on bus 21; the latched data is
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;
-

_ provided to a first A data input of the associated one éﬁ‘h

stages of an adder means 44. Each' adder means 44 stage

.. receive a low logic level at a second B data input. The
-least-significant-bit stage receives at its carry-in c

i
input a gating: signal from means input 24b, via a type~-D

£flip-£flop latch means 46, which_is responsive to the samp-
- ling clock CLK sighal on bus 21. It will be ‘seen that,

because when the XOR gate input 40b is at a logic low 1evel
the gates simply pass the data at input 40a in unchanged

‘manner,  the presence of a low logic ‘level at ‘the same time
“at the adder means 44 carry-in ci input will leave the data

unchanged "s0 that-a proper ‘two' s-complement inversion of

‘alternate pairs ‘of data samples is carried out. as required

for the digital mixing step (b).
' Proper DC offset removal "in means 28 “and guadra-

'ture misalignment correction. in means 34, as will be
" discussed hereinbelow. require that" the average o£ two

successive data: samples be provided. Referring how to

" Figure 2¢, an averager means 50 recéives a stream of data

words G at an input port 50a and’ delays each sequential data

- word in a- delay means 52, for_a time interval AT. Each word

of a delayed data word G' stream is applied to a first

‘additive input 54a of a digital adder means 54. The unde-

layed data stream G words appear at a second ‘input 54b of
‘the adder means. - ‘The adder ‘means sum output 54c provides a
data word which is’ then equal to G(t)*c'(t), if .
G'(t)=c(ttr/2), then the sum is G(t)*G(t+T/2) “The output
of ‘the adder’ means is operated upon by a multiplybby-one-

- half means 56, so that the output ‘data at terminal 50b is

(G(t)+c(t+T/2))/2=G , or the" average of the pair of -

avg

- sequential data samples. Multiplication by_a factor of

one-half, in means 56, is more easily accomplished as a

«10=
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digital division-by~-2, which merely requires a one-bit
‘digital rightward shift of all bits in the sum-~data word.

Sorter means 30 separates the sampled data word
stream into I and Q channels bf offsetting one of the
channels by a delay of T/4. Thus, a Q sample obtained at a
time (t'+T/4) is treated as though it were.obtained at the
same time as an associated I sample obtained at time (t'),

" although it is clear that data sample I(t') is not actually
- obtained at the same time as data sample Q(t'+T/4). Simi-

larly, the next Q sample, i.e. the Q(t'+3T/4) sample, is

paired with, and treated as though simultaneous with, the

next I data sample, which is the I(t'+T/2) data- sample
intermediate to the pair of Q samples. This guadrature

misalignment produces a pair of demodulator output side

lobes if the sampling frequency Es is not exactly equal to
four times the carrier frequency Ec. To illustrate, we
define a frequency offset AE=Ec-(Es/4). If the modulating
signal is a tone at a modulating frequency Em and if the
carrier is offset in frequency by AF, then the resulting
pair of demodulated signal sidelobes appear at (FthAE). We
prefer, although do not require, that the highest modulating
tone frequency is less than about 1 percent of the rate at
which the I and Q samples are being generated (which rate is
23&), so that the over-sampling characteristics can be used

'to solve the gquadrature correction problem by averaging each
- Q data sample with the preceding Q data sample. The Q

average data is thgn that of a "Qavq" sample paired with the
I sample which was taken at a time interval T/4 earlier.
That is, over-sampling allows the data value Q(t'+T/2) to be
approximated as equal to 3(Q(t'+T/4)+Q(t'+3T/4)); this

- Q(t'+T/2) average value is then paired with the data sample
- I(t'+T/2), to effectively eliminate the time offset intro-

duced by the complex digital sampling technique. However,

=11~
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. because the. Q. avg data word is not. available until a.-‘.'ter\-l"*F
time (t'+3T/4), the I(t'+T/2) data word must be delayed
~ (even. though not averaged) to appear in time synchronization
- with the Q_. data word. ' -

4(t+T/2)=de; only the polarity of ‘the DC bias term changes.
By summing both quantities, the DC bias data is effectively

7
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avg | ' '
" We have also found that, when a £requency offset

AF is present, the. demodulator output also contains a second
pair of sidelobes, at fregquencies (F tAE), which is caused
by any DC content of the input signal. ‘This DC bias is
rednced, and can be substantially eliminated by averaging
successive sauples separately in- each of. the I and Q chan-

nels. This can be understood by realizing that, ‘before.the

inversion of alternate samples in each channel as part of T

- .the diqital mixing process,.a £irst I data word.I(t) is the
-result -of digitization of an: analog value i(t)+dc where de
- is any analog DC bias.present.__After one-. half cycle, the

next I data sample is, before'inwersion._-I(t+T/2). which is

 the diqitization of an analog input of -i(t*T/2)+dc.

Inversion of the second sample means that to data word
I(t+T/2) is the digitization of the"analog value

removed and cancelled. : :

In actual implementation of the hardware for
averaqing a pair of n-bit twe' s-complement numbers, for
quadratnre correction and/or DC removal, we have found that
averaginq by taking'the sum of two samples and truncatinq

_the least—aiqni!icant-bit (LSB) of the resulting (n+l)-bit

data word (where truncation is intended to: be equivalent to

- a division—byoz), introduces a. one-hal! LSB:bilas in the
- negative. sums.;so that the: transfer characteristic of: the

averager is not symmetrical and results in even harmonics at

the demodulator.output. We_have_found that a proper
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symmetrical response for the averager is provided by adding

the quantity 1 to each negatiée sum, prior to truncation.

Referring now to Figure 3, our presently preferred

{ embodiment of cemplex diqital sampling converter 20 utilizes
- an ADC means 60 with a maximum sampling rate of 20 MHz., for

use with a 16 MHz. sampling clock C, as regquired, for an
analog input AIN signal at a IF carrier frequency of about 4
MHz. If converter 20 is built in discrete-device form,
means 60 is a type THC 1068 ADC available from. TRW, while
all the other blocks are industry-etandard TTL/LSTTL digital

. eircuitry of the 74/74LS series. This particular ADC has a

built-in flash converter, analog amplifier, and precision’
reference qenetation circuitry, and provides a n=8 bit
parallel data output. The DC content of the input signal is
substantially reduced by utilizing a high pass filter means
62a, comprising a first section of resistor 62a and capaci-
tor 62b, in a second section of resistor 62¢ and capacitor
62d operating with the analog input impedance of the ADC.

A logic inverter 64 is utilized in the ADC means most-
significaut-bit (MSB) data line ‘D8, to change the offset-

~ binary data output format of means 60 to the desired two's-
- complement format. 'The two's-complement formatted sample
__(obtained for each sampling clock CLK pulse on bus 21) is

temporarily captured and held in a first latch means 66,

‘having a latch stage for each of the n=8 data lines. The
latched converted data word is then provided to digital

mixer means 24. :

_ In the digital mixer, every other pair of samples
is inverted responsive to a clock signal C/4 which is the
system clock C reduced in frequency by a factor of four. '

~ The divide-by—4 means 26 actually consists of the divide-

by-two means 32 and a subsequent divide-by-two means 26'.
The digital mixerjinpludes n=8 exclusive-OR gates 40-1

13-
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withrough 40-8, each having a first input receiving an asseﬁg-'
- ated one of the eight parallel ‘data bits of the digital word -

then at mixer input’ '24a, and a second input, all connected

in parallel to receive the C/4 clock bit £rom divider 26'.

© The cutput of eéach of XOR qates 40 is tempcrarily latched in
'an associated bit of latch means’ 42, respcnsive to an
'apprcpriate ‘edge ‘of the system clcck c signal. To correctly

invert the' incominq two" s-ccmplement number,_a pair of 4-bit

adder means 44—1 and 44-2 are utilized, with ‘one of the
'-latched data bits, £rom latch means 42, appearinq at each of '
-_the associated A inputs; a low logic level will appear at.

- each of the- associated B inputs._ The Lss carry-in ci input

of adder means 34%1 is the logic signal from the ‘output of

. divider means 26', as latched in the type-D stage 46. The
" properly inverted n=8-bit two's<complement data sample, now
at baseband, appears at the 8 summation ¢ outputs of adder

" means 44. and each bit is temporarily held in a mixer means .
" output’ latch 68, tc appear at the digital mixer output data
: port 24c. ' -
20

: sequential words, each of 8 ‘parallel data bits G8-G1, from

- The DC o££sat removal means 28" receives the

the digital mixer and takes the averaqe of each sample data

' word then presently at the input with the second-previcus

data word; that is.“ifzthe'present“data“wcrd’is*a'Q data
word, the last-previous data word, being a I data word,

eecondstc-last data word (which is the next-previous Q datsj
wcrd) must then be utilized.f Similar lcqic is required if
the present data wcrd is'an I data word. Therefors, two
inter-sample delays are required, ‘each responsive to a

o ditferent cne of two consecutive—clock c pulses. ‘These
”delays are carried out i a first delay 1latch means 52-1a
~ and a second delay latch means 52-1b. A nine-bit adder

«l4e
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means 54 has a different one of the 8 undelayed data bits
p:ovided to each associated one of the A inputs of first and
second 4-bit adder means 54-1a and 54-1b, while the MSB
undeleyed data bit is also provided to the A input of an
additional ninth-bit adder stage S4=1c; this sign extension
results in a nine-bit sample. A like-numbered bit of the
twice~-delayed data word is provided to each associated B

input of the 8 stages of adder means S4-1la and 54-1b, with
~ the MSB twice-delayed data bit also being provided to the B

input of ninth stage S4-1lc. Thus, the data values of
consecutive samples (in either of the two data streams) is
found at the appropriate output of latches 68 and latches
52-1b; these two consecutive sample values are added, and
the sum is tested; so that a value of one can be added to
the temporary sum if that sum is negative (to eliminate the

- previously described asymmetry). The resulting adjusted sum

is then divided by two, by shifting the resulting 9-bit sum
one digit rightwardly (so that the D1 LSB list is not used
in the resulting output sun) It will be seen that this
process requires that two separate sums be calculated.
first, the two data values must be added together in order

to determine the sign of the temporary sum and then, second-

ly,_the adjusted suﬁ must be formed with a bias correction.
The sum adjustment feedback is provided by means 70-1, in

‘which the system clock C signal is inverted by an inverter

means 70-la, to provide the clock signal to a type-D flip-
flop 7071d, and also to one input of a 2-input AND gate
70=1c. The summed output D9 bit of ninth I stage S54-1c is

'coupled_to.the data D input of flip-flop 7041b,_and, when
- clocked, provides the Q output thereof to the other input of

gate 70-1c. The AND gate output forces ghe carry input ci
of adder stage 54-la to-a low level when the clock C signal
ie high, so that during thn.first half of each clock cycle
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the carry-in signal to the adders is low and the sign-of“ﬁhe-

'temporary sum is determined £rom bit'De. Responsive to the .-

falling edge of the clock c signal, sign bit D9 is clocked B

- into £lip-£lop 70-lb. The inverted clock signals at the:
‘other AND gate input now allows the—sign bit to propaqate
from the £lip-£lop Q output through the gate and drive the T

carry input of the adders to tho proper level. %hus, first

half of a clock c cycle is utilized for adding together the

present data term and the twice-previous data term. so that —

the sign of the ‘sum can be deternined. The"second halt of L
the clock cycle latches the. sign bit in the £lip-£1op to | i '
drive the carry input of the adder stage, because the output thj'
of the present-data latches 68 and ‘the output o£ the twice-

'delayed-data latches 52-1b have not changed, the -corrected I
‘sum is formed. The 9<bits of correctedssum data are shifted
~ _one bit rightwardly by hardwirinq each'hit Dj {for 25559) as

the output bit Dj 1 and ignoring the D1 bit.
- 'In the 1/Q sorter means 30, each’ bit is now

'applied in parallel to the like-bit-input of both a Q latch _

‘means 72-l and anI latch means 72-2. A first inverter 74a  --

| provides a half-frequency not-clock (C/Z) waveform, which - i -—
 ‘causes the Q samples to be latched in latch means 72=1 at

each risinq edqe thereof. A second inverter 74b provides a

(o4 /2 half-clock £requency pulse strean, with- the rising- :
edges thereo£ beinq provided_to the enabling input of latch ﬂ\‘/
means 72-2 with the’ proper timinq ‘to latch the I ‘data words
therein. Thus, the alternatinq rising‘edqes on the C/2 and

c'/2 signals cause the offset-compensated singie data stream

"to be separated into its I and-Q components, which are

simultaneously made available, as naa-hit-parallel data
words.' The Q quadrature-phase data word,_ot-bits Q4 -0 Q 1,
appears at the output of Iatches '72<1, while the nas-bit I

"in-phase data word, of data bits I 48-1,1, appears at the

-15- . -
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output. of latches 72-2. Both data words are simultaneously
input to the ‘quadrature correction means 34. _
Quadrature correction means 34 corrects the error

'introdnced by the non-ideal quadrature sampling processing

by doinq an additional averaging of the quadrature-phase Q
data stream. The Q data is delayed for one sample period
{(now equal to 2 clock_time intervals) in a time delay latch
means 52-2 receiving the half-clock-frequency clock pulses
C'/2 at a clock latch C input. As in the averager in the DC
removal means 28, during the first haif the cycle of the
actual clock (here, the c'/2 clock), a negative-sum de-~
tection circuit 70-2 acts'upon the ninth data bit D'9 from a
MSB adder means 54-2c¢ to determine whether or not the sum is
negative (with data bit D'9 being a high logic level, since
two's-complement logic is used). The temporary sum sign
determination governs the logic level of the carry-in ci bit
to the first adder means 54-2a during the second half of the
clock (C'/2) time period. When the present Qs word and
one-sample-delayed Qs word are added to form the 9-digit
number at the output of adder means 54, the LSB bit D'l is
discarded and a divide-by-to operation occurs. A resulting
8-bit quadrature-phase-corrected data word is latched in
latch means 74-1 and is provided at correction circuit

- output 34d as the 8 bits Q8-Ql of the quadrature-phase Q

data word at converter outpdi.ZOc-z. As the sorted in-phase
Is data word was available at the same time as the sorted
quadrature-phase Qs data word, the same interval of delay
must be provided therefore in a delay means 52, utilizing
delay latches 52-3a and 52-3b, and with a final oﬁtput latch

. means 74-2, holding the delay-compensated sorted in-phase

data I word of bits I8-I1 at output 34c, which is converter
output 20c-1l.

«17-
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while one presently preterred embodiment of ourxdﬂ_
complex diqital samplinq convorter, £or use. with a digital
discriminator in a Eu digital denodulator, has been de-
scribed in detail herein, many modifieations and variations
: will now beoome apparent to those skilled in the ‘art. . The
invention is therefore not’ to be taken as’ limited by or to

‘the specific details and instrumentalities presented
herein hy‘way of explanation of one embodiment.

18-
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_ | 1. A couplex digital sampling converter, for
providing substantially simultaneous output streams of

' ‘in-phase I data and quadrature-phase Q data words to a .
~ digital detector means of a digital demodulator receiving an
'”analoq IF signal, comprising:

ADC means for converting the analog IF signal,

' havinq a carrier .frequency EF_, to a stream of digital ‘data
_.samples taken at a sampling frequency E substantially equal
"to 42

digital mixer means for converting the diqital

 data sample stream to a stream of baseband digital data
words; | |

_ ‘sorter means for separating interleaved alternat-
ing ones of the baseband data word stream into sequential

' sorted pairs of an in-phase I data word and a quadrature-
o phase Q. data word; and

. means for compensating the sorted pairs of data
words for any quadrature nisalignment effects, to provide
the output data streams.

C : 2. The converter of claim 1, wherein the com-
pensating means comp:ises means for averaging the values of

" ..each peit of consecutive quadrature-phase Qs data words.

3. The converter of cLaim 2, wherein the averag-

ing means comprises: means for summing the data values of

each Ppair of consecutive Q data words; and means for

'“'multiplyinq the summed data values by a factor of one-half.

4. The converter Qf claim 3, vherein the summing
means comprises- means for causinq each pair of consecutive
data words to be simultaneously available; and adder means

" for summinq the pair of eimultaneously available data
'words.
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5. The. converter of claim 4 wherein the causinq ’

means includes means for delaying each of the quadrature-

-~ phase Q data words by a time interval equal to the period

' between two successive Q data words.' - :

' ' 6. ' The converter of claim 3 wherein the multi=-"
plying means includes means for: remov1ng the least-signifi--
- cant-bit of ‘the summed data value word and for shifting the
remaining bits rightwardly by one bit position,p

o 7. The converter of claim 2, wherein the com=-
pensating means further comprises means for delaying each of
'~ the in—phase I data words by a time interval substantially
equal to a time interval by which each of the quadrature-y
'phase Q data words is delayed in the averaging means.

- 8. The converter ‘of claim 7, wherein the substan-'

"tially equal delays of each of the data words is established

'j"by an integer number of cycles of a converter clock signal.
' 9. The converter of claim 8 wherein the convert- .

er clock signal is at’ the sampling frequency E < _
“10. "The converter of claim 1, further comprising
means for removing any undesired effects in the sorted data
"word pair due to a DC bias in’ the input analog signal.
- ' 11. The converter of claim 10, _wherein the bias
removing means includes means for separately averaging the
vahxascf emﬂxpair«of<xxmﬁcutive inﬂﬂmse dabavxmds amdexxﬂxpair
of omuﬁannﬂxe quadnﬂuuxrphase data‘wnﬂs j
' 12L The converter of claim 11, wherein the data
words are arranged in a serially-interleaved stream, of the
‘form' Il-Ql-Iz-Qz-...-Ii-Qi ...; where i is an integer, and
" the averaging means includes. means for receivzng the serial:
streams. means for delaying each data word w ne where W is
éither an I phase or a(:'”““’:amdriis an inuxﬁm' untiltme next
data word W(n4l) of the respective phase is present at said
receiving means; means ﬂn:smmmng'ﬂmadehqed<k¢a

-20-.
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wvord ‘and next data word of that phase; and means for multi-
plying éhe summed data values by a factor of one-half.

13. 'The ' converter of claim 12, wherein the
_multiplying means includes means for removing the least-

' -signiticant-bit of the summed data value word and for

shifting the remaining bits rightwardly by one bit posi-
tion. |

14. The converter of claim 13, wherein the
' averaging means includes means for adding a data value of 1
to a temporary sum o£ the data if the temporary sum has a
negative sign.
' 15. A complex digital sampling converter, for
previding ‘substantially simultaneous ocutput streams of
in-phase I data and quadrature-phase Q data words to a
digital detector means of a digital demodulator receiving an
analog IF eignal; comprising:
o ' " ADC means for converting the .analog IF signal,
having a carrier freqnency E . to a stream of digital data
samplee taken at a sampling £requency E substantially equal
to 4? _

digital mixer means for converting the digital
data sample stream to a stream of baseband digital data
words; - _
' sorter means for eeparating interleaved alternat-
'ing ones of the baeeband data word stream into sequential
sorted pairs of an in-phase Is data word and a gquadrature-
pheee Q data word; and

means for removing any undesired effects in the
sorted data word pair due to a Dc bias in the input analog
signal. , .

16. The converter of claim 15, wherein the bies
removinq means includes means for separately averaging the

«21-
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values of each pair of consecutive in-phase data won&sand \4“
_eaﬂlpau:of<xmsann:ve<mnmuauueﬂmmse¢k¢awxmds
_ 17. .The converter of claim 16, wherein the data
_wcrds are arranged in a serially-interleaved stream, of the
_form Il-Ql- Z-QZ-_...-Ii-Qi cees where i is an integer, and-
the averaging means includes: means for receiving the serial
streams, means for delaying each data word W n’ where W J.s
either an I phase or.agQ phase and.n is an integer, until the next
daﬁamnrdiﬂﬁud) aftme naxﬁctunapmase is ;nesau: at et
 said receiving means; means for summing the delayed data
word and next data word of that phase, and means for multi-
plying the summed data values by a factor of one-half. '
| '18.; The converter of claim 17, wherein the
multiplying means includes means. for removing the. 1east-
significant-bit o£ the summed data value word and for
shifting the,renaining bits rigntwardly:by_one bit posi-
tion.'_ o :' ' L _ -
y (19. The converter of claim 18 wherein the
averaging means includes means for adding a data value of 1
to a temporary sum of the data if the temporary sum has a
_negative sign.

20. A camplex digital sampling converter
substantially as hereinhefore descrihed with reference to
Figs. 2, 2A-zc and 3A-3C of the accompanying drawings.
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