Office de la Proprieté Canadian CA 2490577 C 2008/01/15

Intellectuelle Intellectual Property
du Canada Office (11)(21) 2 490 577
Un organisme An agency of 12 BREVET CANADIEN
'Industrie Canada ndustry Canada
CANADIAN PATENT
13) G
(86) Date de dép6t PCT/PCT Filing Date: 2003/06/24 (51) Cl.Int./Int.Cl. HO3M 1/70(2006.01),
(87) Date publication PCT/PCT Publication Date: 2004/01/08 HO3M 1/12(2006.01)
- . (72) Inventeurs/Inventors:
(45) Date de délivrance/lssue Date: 2008/01/15 WOOD. JOHN MICHAEL GB:
(85) Entree phase nationale/National Entry: 2004/12/21 COOTE, NIGEL CHARLES TRUEMAN, GB
(86) N° demande PCT/PCT Application No.: GB 2003/002681| (73) Propriétaire/Owner:
(87) N° publication PCT/PCT Publication No.: 2004/004130 BAE SYSTEMS PLC, GB
(30) Priorité/Priority: 2002/06/26 (GB0214742.9) (74) Agent: FETHERSTONHAUGH & CO.

(54) Titre : AMELIORATIONS APPORTEES AUX ECHANTILLONNEURS A ENTRELACEMENT TEMPOREL
54) Title: IMPROVEMENTS RELATING TO TIME-INTERLEAVED SAMPLERS

16
W
ADC#1 /%
1 2 ) )
L b [‘,‘}b 20 equalsation ————
analog 3——  ADC#2 '
signal ‘/ I}_E) 5 FFT I correction matrix
. ) s
calibration o >
tone l ¢ j\\ ADC#3 % { measurement
7 o —
\
3 | 3 2
D) | ADC#4
Ul —
clock signais 1?‘1
(57) Abregé/Abstract:

This invention relates to a method of calibrating a time-interleaved analogue-to-digital sampler (10) and to a method of performing
analogue-to-digital conversion with a sampler (10) so calibrated. A method of calibrating a sampler (10) having N time-interleaved
ADCs (12a-d), comprises: (a) Injecting In turn N calibration signals (13) into the sampler such that each calibration signal (13)
occupies one of N related frequencies; (b) measuring in the frequency domain the output at each of the N related frequencies for
each one of the N calibration frequencies; (¢) determining the relationship that relates the input signal to the output at each of the N
related frequencies for each one of the N calibration frequencies; and (d) determining from the relationship at step (¢) correction
factors to be applied to calibrate an output of the sampler at each of the N related frequencies.
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ABSTRACT

IMPROVEMENTS RELATING TO TIME-INTERLEAVED SAMPLERS

This invention relates to a method of calibrating

a time-interleaved analogue-to-digital sampler (10) and to a

method of performing analogue-to-digital conversion with a

sampler (10) so calibrated. A method of calibrating a

sampler (10) having N time-interleaved ADCs (12a-d),
comprises: (a) 1njecting in turn N calibration signals (13)

into the sampler such that each calibration signal (13)

occuples one of N related frequencies; (b) measuring in the

frequency domain the output at each of the N related

ftrequencies for each one of the N calibration frequencies;
(c) determining the relationship that relates the input
signal to the output at each of the N related frequencies

—

for each one of the N calibration frequencies; and (d)

determining from the relationship at step (c¢) correction

factors to be applied to calibrate an output of the sampler

at each of the N related frequencies.
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IMPROVEMENTS RELATING TO TIME-INTERLEAVED SAMPLERS

This 1nvention relates to a method of calibrating

a time-interleaved analogue-to-digital sampler and to a

method of performing analogue-to-digital conversion with a

sampler so calibrated. The i1nvention also extends to a

calibration apparatus and to a channel equaliser.

A commonly employed method of building high-speed
samplers 1s to time-interleave multiple channels, each
channel having its own analogue-to-digital converter (ADC).
Each ADC takes 1t in turn to sample the analogue signal
according to a sampling sequence, thereby producing 1ts own
digital signal that follows the shape of the analogue signal
but at the sampling rate of the ADC. The digital signals

from the ADCs can then be interleaved according to their

sampling sequence to produce an output signal that follows

the shape of the analogue signal, but at a faster effective

sampling rate (for N channels, the sampling rate is N times

the sampling rate of each ADC).

A problem with this approach is that the channels
are not 1dentical and sampling 1s not performed at exactly
equally-spaced i1intervals, thereby degrading the performance
of the sampler. A problem arising from sampling time

offsets 1s addressed for example 1n a system described in

"Digital Spectra of Nonuniformly Sampled Signals: A Robust
Sampling Time Offset Estimation Algorithm for Ultra High-

Speed Waveform Digitizers Using Interleaving”, by Yih-Chyun

Jeng, IEEE Transactions on Instrumentation and Measurement,

Vol. 39, No. 1, February 1990, 1n which an algorithm is

described for calibrating a system of interleaved ADCs to

guin
p—

compensate for sampling time offsets. The algorithm is

gh—

developed by injecting a single test signal of a frequency
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chosen to maximise the ability to estimate errors in the

v
—

fsets.

timing O:

In US Patent Number 6,339,390, other types of

mismatch problem are addressed. A method 1s described 1in
which a wideband test signal, e.g. a comb signal, 1is
injected into a system of parallel converters and the output
on each channel is analysed and compared with predicted

ideal signals to identify errors introduced for example by

gain mismatches, DC offset and timing mismatches. This
enables compensation circuits to be modified as required to

compensate for such errors.

Degradation in sampler performance can most simply
be seen in the frequency spectrum of the time-interleaved
digital output signal produced 1n response to a tone 1input:

such a spectrum will contain spurious signals at specific

freguencies in addition to the wanted signal at the

g~

frequency of the tone input. It 1s known that 1f a tone 1is

injected into an N-channel time-interleaved sampler,

mismatches between the N channels will lead to the

generation of N frequency spikes 1n the range from zero to
half the overall sampling frequency of the sampler (the N

spikes comprising N-1 spurious spikes plus the wanted signal

at the frequency of the tone input). Hence, signals are

observed in the frequency spectrum at N related frequencies.

The N frequencies are mixed by mismatches without affecting
output across the rest of the frequency spectrum. Moreover,

1f a tone is input at any one of the N related frequencies,

only those same N frequencies are affected.

From a first aspect, the present invention resides
in a method of calibrating a sampler comprising a plurality,

N, of time-interleaved channels, each sampled by an ADC,
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said sampler having an input for receiving an analogue 1input

signal and an output for providing a digital output signal,

and the method comprising the steps of:

(a) 1injecting in turn N calibration signals into the input
of said sampler such that each calibration signal occupies
one of N related frequenciegs, wherein the related

frequencies are those for which, given an 1input signal at

any one of those frequencies, mismatches in the interleaving

channels affect the resultant output of the sampler at the

other related frequencies;

(b) measuring in the frequency domain of the interleaved

sampled data the output signal at each of the N related

ph—

frequencies for each one of the N calibration signals;

(c) determining a relationship that relates the magnitude
and phase of the signals output by the sampler at each of
the N related frequencies to the magnitude and phase of each

of the N corresponding calibration signals; and

(d) determining from the relationship at step (c¢)

correction factors to be applied to calibrate an output of

the sampler at each of the N related frequencies.

Advantageously, the method according to this first

P

aspect of the present invention corrects for both frequency

independent and frequency dependent amplitude and phase
mismatches between channels. In correcting for freguency
dependent phase mismatches 1t also inherently corrects for
time delay errors between channels since a time delay 1is
equivalent to a linear change of phase with fregquency.
Mismatches in any cross-talk (i1.e. coupling) between

channels 1s also i1nherently corrected for.
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The actual frequencies at which signals in the
output spectrum appear are related to N, to the input tone
frequency f;, and to the overall sampling rate of the sampler

fs, such that the frequencies can be found from the formula:

f
fm+k--,—3—-, where k=0, 1, 2, ..., N-1.

At face value, this would lead to frequencies
greater than half the overall sampling frequency of the
sampler which is in contradiction to the position stated
above. However, as 1s well known in the art, all values
greater than half the overall sampling frequency are aliased
into the range zero to half the overall sampling freguency
of the sampler. For further explanation of this effect, see
for example page 163 of ‘'An Introduction to the Analysis and

Processing of Signals’ by Paul A. Lynn, Third Edition,

published by Macmillan. Hence, by 'N related frequencies’
we mean the frequencies given by the formula above as
modlified by aliasing into the range zero to half the overall

sampling frequency.

Advantageously, 1injecting in turn N tones
simplifies matters 1n that only a single frequency,
corresponding to a desired one of the N related fregquencies,
1s injected 1nto the sampler at any one time. Optionally,
the calibration signal may comprise multiple frequencies
provided that the calibration signal only contains one of
the N related frequencies. This 1s because introducing
signals at two or more of the N related frequencies at one
time will result in unwanted mixing of frequencies, although
multiple sets of N related frequencies can be calibrated at

the same time in this way.
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As will be readily understood, choice of one of
the N related calibration frequencies determines the
remaining N related calibration frequencies according to the

formula above (taking aliasing into account) .

For each calibration signal, the frequency

spectrum is measured in such a way as to allow the outputs
at each of the N related frequencies to be measured.
Optionally, to determine the frequency spectrum, step (b)
further comprises performing a Fast Fourier Transform (FFT)

P

of the digital outputs of the ADCs thereby to allow

—

measurement in the frequency domain of the output at each of

the N related frequencies. In general, the transform
results in an output stored in a series of frequency bins,

each freguency bin covering a small part of the frequency

range of the overall range of the FFT. Optionally, the
method further comprises the step of choosing one of the N

related frequencies such that all the resulting N related

frequencies are substantially centred on bins of the FFT.

This is of particular benefit where the calibration signals
are tones, which otherwise have some of their signal spread

into the surrounding bins.

As will be readily appreciated, the above method

of calibration will lead to a calibration for signals 1n the
output frequency spectrum at the N related frequencies only.
Where an FFT has been used, there are likely to be many more
than N frequency bins. Hence, only N of these frequency

bins will be calibrated. Optionally, the step of repeating

steps (a) to (d), injecting 1n turn N calibration

frequencies into the sampler at a different set of N related

frequencies, may be repeated until calibration frequencies

corresponding to all frequency bins of the FFT have been

injected. In this way, all frequency bins of the FFT can be
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calibrated by repeating the calibration method described
above one or more times, choosing a different set of N
related frequencies for each calibration iteration until all

of the frequency bins of the FFT have been calibrated.

Optiocnally, adjacent bins of the FFT are grouped
together and a single calibration frequency is used for each
group. Moreover, the step of choosing the first of the N
related frequencies may be made such that all the resulting
N related frequencies are substantially centred on the
central frequency of the frequency range covered by the
group of bins. Grouping bins together is advantageous as a
calibration need not be performed for each and every bin of
the FFT. The number of calibration iterations that are
necessary will depend on the specific architecture of the
sampler, how well the channels are matched and the required

accuracy.

In addition, the input signal parameters,

magnitude and/or phase, for each one of the N calibration

frequencies 1s determined. The magnitude and phase together
may be equivalently represented by a complex amplitude (i.e.
a+ib) . The magnitude and/or phase of a calibration signal
may be determined directly from the calibration signal
source, oOr measured 1ndependently from the sampler, or it
may be estimated from a measurement of the output signal of

the sampler.

In step (c), the relationship between the input
signal and the output at each of the N related fregquencies
1s determined. The magnitude and phase of the output at any
of the N related frequencies will be dependent upon the
magnitude and phase of the calibration frequency. The

relationship between the input and output is that part of
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the transformation from input to output that 1s independent

of the input. A correction factor may be determined from

this relationship for each output at the N related

frequencies generated by each of the N calibration

5 frequencies.

In some embodiments, step (c¢) comprises
determining N x N complex scaling factors that each give the
contribution to the output of one of the N related
frequencies due to the input at one of the N related

10 frequencies. Step (d) comprises solving the equations
represented by the scaling factors to determine the N X N

correction factors that each give the contribution to the

correction of the N related frequencies applied to the

output at each of the N related frequencies 1in order to

15 equalise the sampler at these frequencies.

Optionally, the N x N scaling factors relating the
input to the output may be stored in the rows and columns of
an N by N matrix referred to here as a ‘relationship
matrix’. Similarly, the N x N correction factors may be

20 stored in an N by N matrix referred to here as a ‘correction

matrix’. A correction matrix may be formed for each

iteration of the calibration process.

From a second aspect, the present 1nvention
regides in a method of performing an analogue to digital
25 conversion using a sampler comprising N time-interleaved
ADCs, wherein the sampler has been calibrated 1n accordance

with the method described herein above, the method of

performing an analogue to digiltal conversion comprising the

steps of (i) injecting an analogue signal 1nto the sampler;
30 (ii1) measuring in the frequency domaln the resulting

spectrum produced by the sampler; and (111) adjusting the
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measured frequency spectrum in response to the relationships

determined during calibration thereby to produce a channel-

equalised spectrum.

The method of calibration included the step of

forming one or more correction matrices so that step (i111)
may comprise multiplying the measured frequency spectrum Dy
one or more correction matrices. Where an FFT 1is used to
obtain the frequency spectrum of the output during
calibration and channel equalisation, the correction
matrices can conveniently be used to correct the outputs 1in

the corresponding bins of the FFT.

As a final step, if required, a time domain output
signal can be generated by performing the inverse of the

FET.

From a third aspect, the present invention resides
in a calibration apparatus for calibrating a time
interleaved analogue to digital sampler said sampler
comprising a plurality, N, of time-interleaved channels,
each sampled by an ADC, said sampler having an input for
receiving an analogue input signal and an output for
providing a digital output signal, and the apparatus

including:

(a) means for injecting in turn N calibration signals 1into

the input of said sampler such that each calibration signal

occupies at least one of N related frequencilies, wherein the

related frequencies are those for which, gilven an input

signal at any one of those frequencies, mismatches 1in the
interleaving channels affect the resultant output of the

sampler at the other related frequencies;
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P

(b) means for measuring in the frequency domain of the

interleaved sampled data the output signal at each of the N
related frequencies for each one of the N calibration

frequencies;

(c) means for determining a relationship that relates the
magnitude and phase of signals output by the sampler at each
of the N related frequencies to the magnitude and phase of

each of the N corresponding calibration signals; and

(d) means for determining, from the relationship,
correction factors to be applied to calibrate an output of

the sampler at each of the N related frequencies.

The present i1nvention also extends to a computer
for use with the methods described herein above when
programmed to perform the steps of: (1) receiving the
measurements of the output at each of the N calibration
frequencies for each one of the N calibration frequencies;
(2) receiving the determination of the input signal for each
one of the N calibration frequencies; and (3) determining
the relationship that relates the input signal to the output
at each of the N related frequencies for each one of the N
calibration frequencies. Furthermore, the present invention

extends to a computer program product comprising program
lnstructions for causing a computer to operate in accordance

with method described immediately above.

In order that the invention can be more readily
understood, reference will now be made, by way of example

only, to the accompanying drawings in which:

Figure 1 1is a simplified sketch of the method of

an embodiment of the present invention; and
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Figures 2a-d illustrate frequency spectra measured

at the output of the A-D sampler.

Figure 1 shows a sampler 10 comprising four time-

interleaved ADCs 12a-d (and hence four channels). As will

gr—

be readily apparent, extension of the present invention to

samplers comprising different numbers of channels 1is

straightforward. In this instance, the sampler 10 1S

largely software implemented such that the interleaving, the
FFT, the calculation of the correction matrices and the
channel equalisation operation are all performed by a
computer processor (not shown). However, the invention

could just as easily be implemented in electronic or part-

electronic form.

Operation of the sampler 10 1s performed 1in three

stages, as 1s shown generally 1n Figure 1.

During the first stage, calibration tones 13
covering the frequency range of the FFT 15 are 1njected one

at a time into the sampler 10 at 14. The calibration

tones 13 are sampled by the ADCs 1l2a-d at 16 and their
outputs 17a-d are interleaved at 18. The frequency spectrum
19 of the interleaved output 21 for each calibration tone 13
is obtained using an FFT 15 at 20. The complex amplitudes

of the spikes 23 in the frequency spectrum 19 at the four

output frequencies are measured at 22 (remembering that 1in

this instance we have a four channel sampler and so N = 4).

For the second stage, a 4 X 4 relationship matrix
is calculated from the measured complex amplitudes of the

spikes 23 in the frequency spectrum 19 at each of the four

related frequencies for each set of four calibration

tones 13. The inverse of each relationship matrix 1s then

calculated to determine the correction matrix. Thus, each
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set of four related frequencies produces a single correction
matrix that can be used to equalise a group of four
frequency bins of the FFT 15. Enough sets of four

calibration tones 13 are used so that every one of the

frequency bins are calibrated. 1In this example, the FFT 15
has 1024 frequency bins and so 256 sets of four calibration

tones 13 are requilired and 256 correction matrices are

produced.

The third stage 1s during normal operation of the
sampler 10 where an analogue signal 24 is injected into the
sampler 10 at 26. The analogue signal 24 1s then sampled by
the four ADCs at 16, as per the preceding calibration stage.
In common with the calibration stage, the outputs from the
ADCs l1l7a-d are interleaved at 18 and the frequency spectrum
19 of the interleaved output 21 1s obtained by the FFT 15 at
20. The method of normal operation now differs from the
method of calibration in that channel equalisation is
performed at 28 by multiplying the contents of each group of
four frequency bins of the FFT 15 by the corresponding

correction matrix.

In more detail, the four-channel sampler 10 1is
calibrated over a number of repeated iterations, each
iteration using four calibration tones 13 that will produce
outputs 1n the frequency spectrum 19 of the output of the
sampler 10 at four related frequencies according to the
equation given above and as subject to aliasing. Hence, for
each iteration, calibration tones 13 are injected at each of
the four related frequencies and the outputs 21 at each of
the four related frequencies for each calibration tone 13

are measured making a total of sixteen measurements per

iteration.
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The output spectra 19 1n response to four
calibration tones 13 are illustrated in Figure 2. For each
spectrum 19 of Figure 2, frequency 1s plotted over the range
zero to half the overall sampling frequency of the sampler

5 10 against magnitude. The sixteen frequency domain
measurements of the complex amplitudes (shown in Figure 2)
are the result of the convolution i1n the frequency domain of
the frequency spectrum of the input signal and the frequency
spectrum of the 1lnterleaved channel responses at that

10 frequency. The channel response in the time domain repeats
every four samples and consequently the frequency spectrum

consists of four spikes 23 in the frequency domain.

The relationship matrix for any set of N related
frequencies 1s denoted here by E and is determined during

15 the calibration method described herein.

The values of the complex amplitudes (denoted here

by A) for each combination of calibration tone 13 and
output 21 at each of the N related freguencies can be
expressed 1n terms of the complex amplitude of the input

20 signal, and the frequency response of the interleaved
channel responses, denoted here by e, that result from the
convolution described previously. The digital input signal
is the digital equivalent of the complex amplitude of the

calibration tone 13 in the frequency domain and is denoted

25 here by s. The expressions are as follows:

*

/lo,o =S "€ 10,1 = St; ‘€91 20,2 =Sp "€y ’10,3 =55 €2
/11,0 - 31* €4 /11,1 =51 €4 11,2 = S; €4 /11,3 =51 €44
/12,0 =S, ’e;,1 /12,1 = S; =y ’12,2 =S, €55 12,3 = 3; 'e;n
Az = S; €3, Az =8 ’e;,1 ’13,2 = S; ’e;n ’13,3 =53 €43

*

where e, =e;,2, €3 =€,y and so on due to aliasing. The

subscripts for A and e are the input freguency number
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followed by output frequency number; the subscript for s 1is
the input frequency number. An asterisk denotes a complex
conjugate. The complex conjugates occur because the
implicit convolution in the frequency domaln described
previously has contributions from both the positive and the
negative parts of the sgspectrum (for example, see page 31 ot
‘An Introduction to the Analysis and Processing of Signals’

by Paul A. Lynn, Third Edition, published by Macmillan).

Determining the complex amplitude of each of the
digital input signals s and measuring the outputs A allows
the relationship matrix E to be calculated for each
calibration tone 13 using the above equations. Using an
independent measurement of the calibration tones 13 ensures
a normalisation which, to within the accuracy of the
independent measurement, provides a flat amplitude frequency
response and linear phase during the later equalisation
process. This is as well as ensuring that the channels are

equalilsed.

During normal operation, where channel
equalisation is being performed rather than calibration, the
output in a particular frequency bin of the FFT 15 will

consist of a contribution from the input signal component of

that frequency and the spurious contributions due to channel
mismatch and timing errors from the related frequencies.
One must remember that in a four-channel sampler, 1njection

F

of a calibration tone leads to four spikes 1n the output

frequency spectrum and, conversely, each spike 1n the output

freguency spectrum is derived from any 1inputs at the four
related frequencies. During normal operation, 1t 1s the
real inputs y (akin to s for the calibration process) and
not the measured outputs x 1n the frequency bins (akin to A

for the calibration process) that are to be calculated,
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thereby allowing removal of the spurious contributions in

the frequency bins. The four measured outputs (labelled as

Xo to x3) in the frequency bins of the FFT for each

calibration iteration can be written as:

Xo =Yy €y TY:-€y Y, €51 T VY3 €5,

*

Xi=Yo €o1tYi:€0TYo> €, T Y, €34

n

X, =Yy €4 tYy € tY, €0 TY;: €54
Xs =Yoo € TV, €4 T Yo €54 1T Y3 €39

Re-arranging by taking the complex conjugate of

each alternate row:

Xo =Yoo €0ty € 11TYr-€itY;:€5,

*

X, =Yoo €4 1tYs €TV, €,, Y3,

*

Xo =Yg €1 TYi-€21Y> €,0 T Y3 €5,

* *

Xo =Yg € tYi-€11Ys €117 Y3 €30

This expression can now be written 1n matrix form

10 (where a dash denotes that alternate rows have been

conjugated) :
4 * A (v ) 2V
€oo ©11 €21 ©€3 X0 Yo
e.. €. €.,, € X. )
g | o 10 2.2 31 VI Y = Y,
€01 €12 €,0 €34 X Yo
Co2 €11 €31 €3p \ X3 Y3

such thatx'=E'y’ .

This equation can be solved to give the real

15 inputs by calculating the inverse of the relationship

matrix, the correction matrix A=E''during calibration, then
under normal operation applying this i1nverse matrix A to the

measured spectrum to give the real input in the frequency

domain, according to y =AX'.
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Alternate values of x should be complex conjugated
before output 1f the phase of the output frequency spectrum
18 of interest or i1f an output signal in the time domain is
required (the latter can then be obtained by performing an

inverse FFT operation).

SO, a single matrix multiplication equalises N of
the frequency bins of the FFT 15. As described previously,
the calibration process can be repeated to produce a
different set of N related frequencies, thereby calibrating
a further N of the frequency bins of the FFT 15. The
calibration iterations can be repeated until all frequency
bing are calibrated. During normal operation, the.set of
correction matrices generated 1n this way must all be
multiplied with the outputs in their corresponding four
frequency bins to equalise the entire frequency spectrum.

Alternatively, adjacent frequency bins may be grouped

together and a single calibration performed for that group.
For example, groups of five bins could be formed, such that
bins 1 to 5 form one set, 6 to 10 the next, 11 to 15 the
next and so on. The first calibration iteration could then
be performed such that the N related fregquencies correspond
to the centre frequencies of bin numbers 3, 8, 13 and 18,

1.e. the central frequency within each group of five
frequency bins. The same correction matrix would then be
used to equalise the 5*N frequency bins by 5 matrix

multiplications.

Although not essential, better performance can be
obtalned during channel equalisation if allowance is made
for the followling special cases. Frequency bins at

frequencies of %f; or %f; are special cases because pairs of

the related frequencies overlap, i1.e. the four related

frequencies appear as spikes 23 at only two related



10

15

20

25

30

CA 02490577 2007-09-14

26158-233

frequencies. In these special cases, the appropriate

corrections from adjacent frequency bin can be substituted

or can be used for interpolation. Frequency bins at

frequencies of 0, %4fs or ¥%f; are also special cases. At

these frequencies the effects of DC (1.e. 0 Hz) offsets
between the channels appear in addition to pairs of spikes

23 combining into one. The DC offsets can be subtracted off

in each channel separately. The DC levels can be measured
by taking the mean of the samples from each channel, or by
measurements independent of the sampler. For this second
special case, adjacent measurements can also be used to

correct the effected frequencies as described 1mmediately

before.

As will be readily evident, variations to the

above embodiment are possible without departing from the

g

scope of the invention.

For instance, whilst the above embodiment uses a
measurement of each calilbration tone 13 obtained
independently of the sampler 10 to determine the complex
amplitude of the digital input signal, this complex

amplitude may be derived partially or fully from the sampler

output 21. If only the amplitude and not the phase 1s given
by i1ndependent means then a measurement of the phase 1s
given by the phase of the output at the input frequency 1in
the spectrum of the sampler output. The equalisation will

then provide a flat amplitude frequency response but not

linear phase. An alternative normalisation 1s to use the
output measurement at the input frequency and so not use any

independent measurement of the input. The channels will

still be matched but neither a flat amplitude frequency

response or linear phase 1s guaranteed.
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Other variations to the embodiment described above
may include using calibration signals other than single
tones, e.g. injection of a band-limited noise or a chirp

gh—

waveform that occupied a portion of the bandwidth of the

g—

sampler would allow calibration of a number of frequency

bins simultaneously. However, to be effective the
calibration signal could not occupy the whole bandwidth
since it must only affect one of the N related frequencies

at any one time.

Also, during normal processing, as opposed to

callibration, 1t 1s not necessary to correct for all the

freguency bins, instead just the largest signals may be
identified and just their related frequencies corrected. A

window function may be employed in conjunction with the FFT.

Rather than using an FFT, other spectral

estimation algorithms can be equally well employed.

If the ADCs 12a-d are under-sampling a particular
bandwidth, then the method 1s still applicable and the

calibration frequencies can be 1njected at the higher pass-

band. Another possible alternative 1s 1nstead of staggering
the triggers for the ADCs 12a-d to implement the

interleaving, staggered delays 1n the channels can be used

with the ADCs 1l2a-d sampling simultaneously.

The methods described herein above can be applied
to a wide variety of multi-channel sampling architectures,
for example electro-optic samplers where the individual
channels and the sampling process are partially optical.

The algorithm applies equally well for complex data input

signals.
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CLAIMS:
1. A method of calibrating a sampler comprising a

plurality, N, of time-interleaved channels, each sampled by

an ADC, said sampler having an input for receiving an

analogue input signal and an output for providing a digital

output signal, and the method comprising the steps of:

(a) 1injecting in turn N calibration signals i1nto the 1nput

of said sampler such that each calibration signal occupies

one of N related frequencies, wherein the related

frequencies are those for which, given an input signal at

any one of those frequencies, mismatches in the interleaving

P
p—

channels affect the resultant output of the sampler at the

other related frequencies;

(b) measuring in the frequency domain of the interleaved

sampled data the output signal at each of the N related

frequencies for each one of the N calibration signals;

(c¢) determining a relationship that relates the magnitude

gty

and phase of the signals output by the sampler at each of

the N related fregquencies to the magnitude and phase of each

of the N corresponding calibration signals; and

(d) determining from the relationship at step (c)

correction factors to be applied to calibrate an output of

the sampler at each of the N related frequencies.

2 . A method according to claim 1, wherein in step (a)

each calibration signal comprises a single tone.

3. A method according to claim 1 or claim 2, further
comprising the step of repeating steps (a) to (d), injecting

in turn N calibration frequencies i1nto the sampler at a
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different set of N related frequencilies within the frequency

spectrum of the sampler.

4 . A method according to any one of claims 1 to 3,

wherein step (b) further comprises performing an FFT of the

gy
s

interleaved digital outputs of the ADCs thereby to allow

measurement in the frequency domain of the output at each ot

the N related frequencies.

5. A method according to claim 4, further comprising

P

the step of choosing one O:

F

= the N related frequencies such

that all the resulting N related frequencies are

P

substantially centred on bins of the FFT.

6 . A method according to claim 4 or claim 5, further
comprising the step of repeating steps (a) to (d), i1njecting

in turn N calibration fregquencies 1into the sampler at a

different set of N related frequencies corresponding

substantially to bins of the FFT.

7. A method according to claim 5 or claim 6, whereiln

adjacent bins of the FFT are grouped together and a single

calibration frequency i1s used for each group.

8 . A method according to any one of claims 1 to 7,

further comprising the step of forming a relationship

matrix, or a relationship matrix for each i1teration of the
calibration process, to embody the relatlionship that relates
the input signal to the output at each of the N related

—

frequencies for each one of the calibration freguencies.

S. A method according to any one of claims 1 to 8,
further comprising the step of determining the magnitude
and/or phase of the calibration signals either by
independent means or by measuring the magnitude and/or phase

1n the output of the sampler.
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10. A method of performing an analogue to digital
conversion using a sampler comprising N time-interleaved
ADCs, wherein the sampler has been calibrated in accordance
with the method of any one of claims 1 to 9, the method of

5 performing an analogue to digital.conversion comprising the
steps of (1) injecting an analogue signal into the sampler;
(11) measuring in the frequency domain the resulting

spectrum produced by the sampler; and (iii) adjusting the

measured frequency spectrum in response to the relationships
10 determined during calibration thereby to produce a channel-

equalised spectrum.

11. A calibration apparatus for calibrating a time
interleaved analogue to digital sampler said sampler
comprising a plurality, N, of time-interleaved channels,
15 eacnh sampled by an ADC, said sampler having an input for
recelving an analogue input signal and an output for
providing a digital output signal, and the apparatus

1ncluding:

(a) means for injecting in turn N calibration signals into

20 the 1input of said sampler such that each calibration signal
occuples at least one of N related frequencies, wherein the
related frequencies are those for which, given an input
signal at any one of those frequencies, mismatches in the
interleaving channels affect the resultant output of the

25 sampler at the other related frequencies;

(b) means for measuring in the frequency domain of the
interleaved sampled data the output signal at each of the N
related frequencies for each one of the N calibration

frequencies;

30 (c) means for determining a relationship that relates the

magnitude and phase of signals output by the sampler at each
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of the N related frequencies to the magnitude and phase of

each of the N corresponding calibration signals; and

(d) means for determining, from the relationship,
correction factors to be applied to calibrate an output of

5 the sampler at each of the N related frequencies.

12. A channel equaliser for an analogue to digital
sampler, comprising the calibration apparatus of claim 11,

wherein the said means for determining the relationship is

operable to adjust a frequency domain signal derived from an

—

10 output of the sampler according to the relationships

determined during calibration thereby to produce a channel-

equalised spectrum.

13. A computer that 1s programmed for carrying out the

method of any of the claims 1 to 10, and to perform the

g
—

15 steps oOrf:

(1) receiving the measurements of the output at each of the

N calibration frequencies for each one of the N calibration

frequencies;

(2) determining the relationship that relates the input

20 signal to the output at each of the N related frequencies

for each one of the N calibration frequencies.

14 . A computer program product comprising program

instructions for causing a computer to operate in accordance

with claim 13.

FETHERSTONHAUGH & CO.
OTTAWA, CANADA

PATENT AGENTS
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