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ABSTRACT

Digitally Assisted Multi-Channel Receivers. (Augua010)
Krishna Anand Santosh Srikanth Pentakota, B.Techgio
National Institute of Technology, Rourkela, India

Chair of Advisory Committee: Dr. Sebastian Hoyos

This work presents a data estimation scheme fdewiand multi-channel charge
sampling receivers witBinc filter banks together with a complete system catibn and
synchronization algorithm for the receiver. A uedi model has been defined for the
receiver containing all first order mismatchessef§ and imperfections and a technique
based on least mean squares algorithm is emplaygddk these errors. The performance
of this technique under noisy channel conditions been verified. Theincfilter bank is
compared with the conventional analog filter baakd it is shown that th&ncfilter banks
have very low computational complexity in datarmastiion

Nextly, analytical tools for the design of clockgr tolerant multi-channel filter-
bank receivers have been developed. Clock-jittenis of the most fundamental obstacles
for the future generation of wideband receivers.difidnally all the trade-offs and
specifications of a design example for a multi-atereceiver that can process a 5 GHz
baseband signal with 40 dB of signal-to-noise-r@8bIR) using sampling clocks that can
tolerate up to 5 ps of clock-jitter standard dewiatare presented. A novel bandwidth

optimization technique has been presented. As tagfait the bandwidth of the filters



present in each path is optimized thereby improWmegperformance of the receiver further
in the presence of sampling clock jitter. The antoahbandwidth reduction possible
depends on the order of the filter and the noisplification provided by the reconstruction
matrix. It has been shown thdt 8rder filters of bandwidth 1 GHz can be replacéth ™
order filters of bandwidth 100 MHz without any degiation in the output resolution,

implying huge power savings.
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1. INTRODUCTION

The increasing interest towards the realization of multi-standard radios [1]-[7]
has created a tremendous pressure on the analog to digital converter. Also the problem of
overloading of the available bandwidth hasn't been worse and the steep rise in the
number of users gaining access to wireless devices isn't helping the situation either.
These trends are pushing the product development groups around the world to engineer
digital intensive communication systems which can process very high bandwidths and
also support multiple communication standards. To achieve such systems the ADC
which was at the end of the receiver chain is being continually shifted towards the
antennae, therefore high dynamic range ADC'’s capable of handling huge bandwidths
are needed. The farthest the ADC can be pushed is right after the antennae and this
architecture was first defined by Mitola as the Software Defined Radio [8], the SDR
processed the entire bandwidth using a high resolution and high speed ADC and
remaining operations were done in DSP. The current trend in SDRs is to design highly
reconfigurable analog front ends which can handle narrow-band and wideband
standards, one at a time. In-order to develop a SDR the main bottleneck is the ADC
which needs to have high bandwidths as well as good dynamic range. Achieving both
high sampling rates and dynamic range is a huge task since improving one parameter

greatly degrades the other parameter.

This thesis follows the style ®#EEE Journal of Solid-State Circuits
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Fig. 1. Dynamic Range versus Sample Rate Trade-off.

Fig. 1clearly depicts the problem designers around theédware facing i-order
to build better ADC’s. Because of the high levetomplexity involved in this probler
the realization of software defined radios has galy been referred to as someth
which is improbable.

The best way to go around this problem is by peliaihg the ADC architecture
In fact the development and use of such architectures &as greatly researched ir
and various multi channel architures have been developed which achieve ¢
resolution and sampling rateThe time-interleaved bank of ADCs ase suc popular

techniquewhich aims at reducir the sampling speed of each ADC:or ven-high-



speed applications, time interleaving increase®tteeall sampling speed of a system by

operating two or more data converters in parallel.
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Fig. 2. Conventional Time Interleaved ADC.

This sounds reasonable and straight forward butalgtrequires much more

effort than just paralleling two ADCs. Before dissing this arrangement in detail,

compare the sampling rate of a time-interleavedesyswith that of a single converter.

As a rule of thumb, operating N number of ADCs mrgilel increases the system's

sampling rate by approximately a factor of N. Thihg, sampling (clock) frequency for

an interleaved system that hosts N ADCs can beitiesicas follows:

fsystem clock: Zf AD((k)
k=1



The simplified block diagram in Fig. HAlustrates a single-channel, time-
interleaved ADC system in whidd ADCs increase the system's sampling rate. Fig. 2
illustrates 1-toN analog multiplexing scheme whehé switches are clocked b
uniformly spaced clock phases. Each clock is rumirtimes slower than the Nyquist
rate, which relaxes the sampling rate ofkhparallel ADCs but still requires a front-end
sample-and-hold amplifier (SHA) sampling at full dNyst rate (Fs).

This ratéefsysiem_clociS @ clock signal at N times the rate of each A = fcke =
fois..=fcn=Ffs/N. Becausdci is delayed with respect fgi, by the period ofsysiem ci
the N ADCs sample the analog input signal sequintigoroducing an overall sample
rate equal tdsystem_ci

Time Interleaving can be done in many ways likéedént type of ADCs can be
used in multiple steps —coarse and fine. Pushiegotberational limits of interleaved
ADCs can be very attractive, but various limitasaand considerations must be taken

into account before turning this method into a sgstul experiment.
1.1Bandwidth Limitations

Applications that call for higher sampling speedsially deal with higher-
frequency input tones, so a data converter witipat bandwidth of half the sampling
speed would not be suitable for interleaving, theut bandwidth has to be much lesser
than that. Also the front end of such ADC’s haveaack and hold amplifier in most
cases to make the received signal full scale, suimplifiers should be having small
signal power much greater than the input bandwadtth should be able to deliver full

power in the frequency range of interest. Fortugat@ost high-speed data converters



include track/hold (T/H) amplifiers whose full-powand small-signal bandwidths are

significantly higher than that called for by thed\yst (kampLe/2) criteria.
1.2 Offset and Gain Errors

The channel-to-channel matching of offset and gairseparate ADCs is not
trimmed, so gain and offset mismatches between ABx@garameters of concern in a
time-interleaved system. If one ADC shows an ofsetl the other a gain error, the
digitized signal represents not only the origimgdut signal but also an undesired error
in the digital domain. An offset discrepancy cauaesgnal phase shift in the digitized
signal, and gain mismatches show up as differemcsiginal amplitude. For interleaving
designs, you should therefore choose ADCs withginatied gain and offset correction or

include external circuitry that allows you to catr¢hese mismatches.
1.3Nonlinearities

Integral nonlinearity(INL) is described as the @wmn of the actual transfer
function from a straight line, either in LSBs or percent of full-scale range (%FSR).
INL errors of +1LSB are quite common for individuADCs, but in an interleaving
system such errors can easily double, causing tuatmie errors that resemble the offset
and gain problems discussed above. The appearénoalmearity introduces distortion
into the system, which degrades dynamic parametach as signal-to-noise and

distortion ratio (SINAD) and effective number of{ENOB).



1.4Clock Phase Jitter and Noise

The signal used as a system clock should haveothest possible phase noise.
Introducing a D-type flip-flop in a divide-by-twooafiguration reduces the otherwise
stringent requirement for a precise 50% duty cy@ee should choose a clock circuit
commensurate with the signal source's frequenayesaamplitude, and slew rate.

A low slew rate on the digitized signal relaxes jitter requirement on the clock.
If this slew rate is large, however, the clockejitmust be minimized. For a full-scale-
amplitude sinusoidal input signal, the maximum ssjgd signal-to-noise ratio (SNR)
due to clock jitter only is

SNRB(MAX) = 20'0910 Ioglo [1/ (ZT * |fw *ajitter )] (1)

The fact that each ADC still sees the entire sigraldwidth places stringent
requirements on the track-and-hold circuitry thosreéasing the power consumption.
Another approach is to split the entire signal leidth into smaller sub-bands using a
bank of analog bandpass filters. The filter outarts sampled by ADCs at a fraction of
the Nyquist rate. However, the need for the digitdonstruction of the signal before
processing greatly increases the complexity of #ystem and hence power
consumption.

The approaches described above do relax the regenmts placed on the ADC
but their real life performance is severely limitey ‘jitter’ which is also referred to as
the uncertainty in the edges or the sampling inistaive know that the performance of
sample hold circuits which are the basic buildifigck of any converter define the

systems performance. A known figure of merit of ad@bnverters states that the



bandwidth and precision of converters increases wicrease in the length of the
devices. This pushes us to use lower technologiedifjh speed and high precision
ADC'’s. Also the major issue with going multi-chahremismatches between the paths
which manifest in the output and significantly dease the achievable resolutions. As
we know any analog circuit is bugged with mismaschEhere can be variety of issues
which can cause mismatches in analog design, sdnthem being the threshold
mismatches, temperature gradients along the dieadigradient effects and lots of other
effects. Most of the mismatches tend to increaske technology scaling which makes it
all the more difficult to take proper advantageesfhnology scaling.

Innovative multi-channel ADC architectures that ghl@tize the process of
sampling and thereby provide better resolution ttienexisting architectures are to be
developed. Also techniques which can avoid or relex problem of jitter have to be
developed without increasing the complexity of thgstem. Nextly, appropriate
techniques have to be developed either in the femat or in the digital background
which can assist the ‘dirty analog circuits’ andhamce the performance of such multi-

channel architectures in the presence of statit gad phase mismatches.



2. TRANSFORM DOMAIN RECEIVER

The basic principle of a Transform-Domain (TD) rieee [9] is to expand the
signal over a basis set and operate on the basfficeents. An analog computation of
the basis coefficients efficiently parallelizes thignal for digital processing, relaxing

the sampling requirements and enabling paralletaligrocessing at a much lower rate.

When a large number of parallel paths are deplaydte test environment and
each path is designated to expand the source smaal a single basis function,
collaborative processing of the signals from eaath pn the receiver presents scalable
bandwidths depending on the number of individuahganvolved in the reception of
the signal. Fig. 3hows the transform domain receiver, it consista &bnt end LNA
which amplifies the input signal. This amplifiedysal is converted to current through a
independent @ stages and this current is now integrated on capaciwhich
effectively forms asinctype of filter [9]-[12]. Thissincfiltering not only provides anti
aliasing but also samples the signal, more lighit & thrown onsincfilters later. The
samples are quantized and collected. These callesaenples as we know are not
representative of the time domain samples, thezef@ need some kind of additional
digital processing which can convert the samplélected to time domain samples and

thereby reconstructing the time domain signal.
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Fig. 3. Multi-Channel Transform Domain Receiver.

As a patrticular case we consider the system to b&imgpon OFDM signals
This means the input signal will be data superiredogsnpracticalcarriers which ar
spacedn each channel of the mi-channelsincfilter bank, the input signal is mixe

with a localescillator (LO) signal and integrated in a windof durationT. seconds.
The windows are overlapped by a small amcT,,. The overlap is exploited to crez

a superior antaliasing filter while giing the required decimation [9].
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Fig. 4.SincFilter Used in the Receiver.

Fig. 4 shows the filter that was employed in theltralhannel receiver. It is
modification of the general time interleavesihc filter with a better anti aliasing
capabilities. The clocks needed to operate thi® tfijter are also shown. A brief

operational theory behind the above ovedagefilter can be initiated with the operation
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of a genericsincfilter. We know that a generic filter has a tramsguctance stagé&sg,)
which converts the input voltage signal to a curreignal and then this current is
accumulated over a capacitor for a finite amountimme. This accumulation creates a
sinc type of filter and if we have a sampled kind okeogtion we achieve sampling and
anti aliasing in the same stage, a motivation fa tisage of charge sampling filters.
Similarly one can start analyzing the above filbgr eliminating the overlap capacitor
(Cov) used, initially the current from the transconduncte stage is pumped into a
capacitor where charge accumulates for a finitewarhof time and then it is read out,
during the read out time of this capacitor the entris diverted for accumulation into
another capacitor using proper clocks and switchEsis creates an efficient
combination of FIR filter and sampling operatione\Wnow that the type of filter can
achieve depends on the shape of the integratiodominTo achieve a better anti aliasing
we would need a&inc filter which has -40dB/decade out of band roll g% .sampled
operationsiné would mean that the integration window needs ténbgiangular shape,
we can try to reach a triangular type of integratiandow by weighting every sample in

a particular fashion.
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Fig. 5. Integration Window and Filter Response.

The simplest case of weighting would dividing theegration window into three
parts in the ratios of 1:2:1. Such type of filteowd approximate aind filter till the
first null and would have a roll off slightly bettthan a normasincfilter. Fig. 5 shows

window shaping and filter response.

Assume there ar®l paths and in each pat¥t samples are collected. Tiv
overlapped windows that cover the entire signatlblprovide a total oMN samples

Y(m s

N-1

o, given by,

Y..= [ x()@,(1)dt )

whereTs=T. - Toy, X(t) is the received signady(t) is the basis function onto which the
input signal is expanded in tmd path, m=0 toM-1 indicates then” segment in each

channel anch=0 to N-1 refers to then™ channel. Each channel operates only on a
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fraction of the input signal bandwidth which relaxeghe tracking bandwidth
requirements for the ADC that quantizes the anaagples thus minimizing power
consumption. These quantized samples are procelsgially to estimate the symbols
directly using a least squares (LS) estimator.

The sampled data, given by (2), can be representdte form of a vectoy as
shown below,

y =[Yoo, Yo, - Yonets Yoo, Yoa, oYl 3)
Here Ymnis a complex number representing both the in-plaame quadrature

components, if the in-phase and quadrature compeaea represented separatelyyin

then the size of§ is 2NMx1. The input signal is a multi-carrier OFDM sigwath K

sub-carriers and is given by the following expressi

(t)=Re3[a(K ]

=k2:[a\ (k)coscog 2rF (K) t)+ g (K sinsift 2E( K 1 (4)

In the above expression;(k)anda, (k) represent the in-phase and quadrature

components of the data(k) modulated on th&" sub-carrierF. (k) corresponds to the
carrier frequency of the" sub-carrier. The data that is modulated on allstite-carriers

can be represented in the vector form as showmbelo
[a(0).a,(9).a().a(9 .- a( K .a( K] (5)

It can be seen that the entire system that gersetiaéevectory from & can be

represented by a linear matrix equation as,



14

Ga=y (6)
Each element inG corresponds to the integration of th& carrier (in-

phase/quadrature) mixed with th& LO signal (in-phase/quadrature) observed at the

end of them™ segment. The elements@are given by,

mTg+Tc

G,(n.k)= [ cof 27k (K)t] cof 2 {,(n) 1] di (7)

mTg

where f| 5(n) corresponds to the frequency of th® LO signal. The subscrifit in

Gm(n, K) refers to the in-phase component. As the realianadjinary components of
both the carrier and the LO signal are represestguhrately inside the matriG
becomes aMx2K matrix. The data can be reconstructed from the received vector
y using the LS estimator. R is defined as the reconstruction matrix, the LBitm
for the forward problem of (6) for the case widM>=K is given by [13],
R=(G'Q* G (8)

With the knowledge of the reconstruction matfxand the received vectoy ,

the data transmitted can be estimated using thatiequ

a=Ry 9)
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3. COMPLETE SYSTEM CALIBRATION

3.1Mismatches, Imperfections and Offsets in the System

The TD receiver has been modeled mathematicallysamethod for recovering
the transmitted symbols has been outlined in tleipus section. This was possible
only because the transformation of the input symbomkthe output collected samples is a
linear operation, facilitating the mathematical mlaly and the use of least squares
solution. The main assumption behind this modelag that there are no mismatches or
non-idealities in the system and therefore the &wdatransformation matrige makes an
accurate representation of the system. In redlityis seldom the case since there are a
lot of sources of error and non-idealities whichkenghe forward transformation matrix
G inaccurate. Since the forward transformation ixaself has lot of errors, the inverse
transformation matrix which is used to recover #ymbols is also inaccurate and
therefore the symbols recovered are erroneoustderdo improve the performance of
the said receiver we need to accurately model tr@sentering the system and also
propose a method to reduce the same. To be abt®del the errors various sources of
the errors are identified.

There are several offsets and mismatches preseheitransmitter, the channel
and the receiver that deteriorate the system pwadoce. There are different ways to
compensate the errors that our system has beecteaffevith. One key ingredient in
building flexible radios is the efficient use ofgdal signal processing (DSP). DSP has

been employed heavily in communication systemsotmter the affect of various non-
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idealities [14]-[20]. Various signal processing @ighms have been put to use in order
to improve the performance of front ends and AD@/ also adopt a DSP technique as
a mean to relax the accuracy with which front ended to be built, and thereby save
considerably complexity and design time.

The affect of various non-idealities on differentamunication systems has been
analyzed previously and mathematical models nepessaancel them have been built
[21]-[27]. But the classification of non-idealitiésis not been reported in the literature in
the context of multi-channel receivers. Here wehhgit the main non-idealities in a
sincfilter bank based OFDM receiver. Fig. 6 gives @fboutline of all the mismatches
that could be present in a multi-channel commumoasystem. The major sources of
error in a multi-channel receiver are the mismachetween the paths. Due to the
random variations in threshold of transistors ichepath, there is no proper matching
between the gain input signal sees in each pathartApm the threshold mismatches,
there are other effects like leakage currentsageltand temperature variations, process
parameter variation on the die. All these mismacdeverely effect the performance of
the multi- channel receiver as they introduce aabée gain and phase offset between
the paths. Also the multi-carrier signal generdigdhe IFFT block at the transmitter is
modulated by a local oscillator signal to RF freagies. Ideally, this LO frequency
should be perfectly synchronized with the LO sigataihe receiver. However, there will
always be a small frequency offset between thesigpoal sources. The wireless channel
between the transmitter and receiver introduceaia gnd phase variation to each sub-

carrier in the multi-carrier signal. A certain tirdelay for the input signal arriving at the
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receiver introduces different initial phi-delays for each sutarrier. The LNA and Gr
stage could introduce gain and phase offas said abovamong the dikerent paths
primarily due to the variations in the procand imperfections in the implementation
each channel. There could be variations in the aiggra used in the charge sampl
filter which would result in an additional gain err If square LO signals are used

mixing, the waveform could have an onential rise and decay due to the fit
bandwidth of the circuit. Further, the LO signale gubject to frequency and ph
offsets. However, this is avoided by generatingtladl LO signals and the sampli

clocks from a single reference in the recr.

iviixer
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IiNd M 1IN ——-.Ideal LO signal
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S | | | Finite bandwidth
alters LO LO phase offset
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samples \g; g g;) ||Fwaveform shape ‘l' in LO signals

- - - | ]
Mismatches in capacitors
introduces gain error and )
distortion. ;

/
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if § —Actual LO signa
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Fig. 6.Mismatches anomperfections in a Typical Multi-ChanneySen.
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In the presence of all these mismatches and offisétsclear that th& matrix
defined earlier would be unable to detect the symltbus the need for a calibration

technique to learn these mismatches and offsets.

3.2 Calibration Algorithm

In general whenever a calibration technique is ¢oabplied to a system, the
errors have to be completely identified and thesirteffect on the output has to be
mathematically modeled. Once the errors effectrendutput has been mathematically
modeled, we can apply an inverse operation on titygub to make it free from the error.
In the case of our receiver instead of modelingheawor separately, we employ a
simpler approach to get rid of the errors. Sincekwew that the entire transformation
the input symbols undergo can be mathematicallyesgmted in terms of a mati@ if
we can optimize this transformation matrix we cehrid of the errors and improve the

receiver’s performance.

In OFDM systems as we all know there is speciflatren between the carrier
spacing and the duration of the transmitted symb¢ signal for a particular pattern of
transmitted symbols should be as wide as the isvefghe frequency spacing, if this
condition is not satisfied there would permanerdtidetive interference between the
carriers thereby leading to loss of transmittechdApart from this condition if there is
any offset in the frequency of the modulating @rnvave, it would create a time
varying error to be introduced into the system ks phase of the signal keeps

accumulating with time.
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Since the frequency offset causes the symbols taterqgoeriodically, in the
presence of the frequency offset it is extremelffiadilt to apply any optimization
algorithm to optimize the transformation matrixths frequency offset introduces a time
varying error and it is difficult to correct for cw an errors with adaptive algorithms are
most of them deal with minimizing static errorsv&al techniques have been proposed
to estimate the frequency offset in OFDM systemgially the frequency offset in the
LOs at the transmitter and receiver is estimatedgua maximume-likelihood estimator

which is explained below.
The front endsinc filter bank structure as seen in the followingcdission,
allows the frequency offset to be factored out frisre received signaly despite the

presence of several mismatches.

N-1
n=0 ?

The expression for the sampled dat’é,m rﬂmol is defined in (2) and is re-

written here for convenience.

mis+Te

Y,.= [ (o, (1) dt (10)

m,n
mTg

Here L represents the block numbaeb,(t) is then™ LO signal in the multi-
channel receiver and combining the in-phase andirgtire components, it can be
represented as follows, LO being a square waverntains all the odd harmonics till
infinity,

B, (t) = ¢ 2mlouol] 1 gistemoroo(m]

3 e_ j5*[277f|0(n)t+® Lo(n)} (11)

aglr



20

wherex, (t) is the input multi-carrier signal correspondingieL™ block and is given

by,

k=1

X (t) — Re{ZK:ae—j2nFé(k)1+q:C(k)+2mFC(L—J)T} (12)

whereF, (k) = F, (k) +AF,, AF.is the carrier frequency offseb(k) is the initial phase
offset of carriek and 27AF, (L — )T is the accumulating phase offset in blacthat

results from4F,. Substituting (11) and (12) in (10),

K .
Rezae— j2nFe (k) t+®(K)+2mFg(L-)T :|
mTS+TC+AT|:

k=1

Vo= A | x (13)

mTg+AT

[e-J[Zﬂﬂo(”)““’Lo(”)] _]

whereA4, e/ is the lumped complex constant representing theayad phase mismatch
in thenth channel. @ o(n) is the initial phase offset in thd" LO signal andAT is the
offset in the integration window. The offset in thegration window,AT, can be
brought inside the integration as a phase offsé¢hénsignals® (k) and®',,(n) are

defined as follows,
¢, (k) =@, (k) +277F (K| AT+2mAF(L-1)T (14)
®,(n)=d(n)+2mf (NAT (15)

Incorporating the above equations, (13) becomes,

T [Reiae’jmé(k)‘+d°(k)}
Y ,n, L = A]éen I k=l

mTg o e— i [Znﬂo (n)t+®Lo(n)]

(16)
—]
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The term inside the integral contains tones atrs¢\¥eequencies including the

desired tone at f,(n)-F.(k) and higher order harmonics fat(n)+F (k),
3f,(n)x F (k) and so on. However, the charge sampbirg filter attenuates these

high frequency tones. The phase teti(k) is expanded argd™*“™" | is factored out

and further simplification of the above expressidasdone to get the following

expression,

mTs+Te .
Y = gmitFe(L-iT Aﬁ gon J' ZK:[ a (k) + aq (k) éanc'(k)1+q>C(k)+2nF'c(k)AT—znfLo( N eo Lol )] d
m,n, L = 2 2]

mTg
(17)
If it is assumed that the same data set is tratexinibh successive blocks, it can

be noticed that the only term that will vary¥j  is the term outside the integral. Fig.7

shows one element of the veckbwhen the same data is transmitted every time. &ie ¢
notice that the element varies sinusoidally frowcklto block.

The simplest way to remove this error is by estingathe frequency of this
sinusoid and multiplying the output data with thgdrse sinusoid which would remove
the time varying nature of the data. In order tineste the frequency of the sinusoid we
employ the following method,

LetY, ., =a,.€™" ,thenY, ., is given by,

m,n, L+1

Y

m,n, L+1

= €™ xqg, ™ (18)
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Fig. 7.Sampled Values Varying Sinusoidally due to Freqyebffset.

From (18, it is clear that the offset in frequency canfletored out and thi
facilitates the use of Maximum Likelihood (ML) tstenate the freguncy offset in the
OFDM caseThe ML estimate a4F is obtained by taking mean of the argument B

consecutive blocks and is given |

1 _1 = <1 z vV B
AFc :ﬁtan [;lmm,n,L+lYn,n,L)/tan g Im(xm&l an)/; R< %Utl X”) ]

(19)
The choice ofB depends on the noise present in the system andedsieeo

accuracy of estimate. This estiie of the frequency offsetF. is used to make

correction in the received vecﬁ/L . The corrected vecto}L (updateis given by,

yL (Updaté — y é'Zch(L—l)T (20)
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Now once we have corrected for the time varyingrecaused by the frequen
offset, we can go for use of any conventional aslaglgorithm to optimize the forwal
or inverse transformation matrix and thereby cdmegcfor the static offsets and n-
idealities present in the system. The adaptiverdlgn we chose for this purpose is 1
least mean squares (LM®MS algorithm based calibration has been emplopetdany

receivers to assist the naheal analog front-end to theimsplicity and robustne: [28]-

[29].

G mairix i

—
ref—v N— _ A i
NNV — 7 e )T
—
AV 4
Reverse Problem
H ~\—-1~H
calibration R:(G G) G F;::i(ll:ll;l()cl?’

Fig. 8.Complete Mult-Channel Receiver System widffset Correctio.
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We have used the normalized least mean squares @)LAWorithm, as its
convergence speed is potentially superior to thidtMS [30] and is also much less
sensitive to the properties of the input signaintlaae those of LMS indicating more
predictable behavior over a wide range of condgid@nce the frequency offset in the
carriers is estimated, the problem is reduced tresion of static mismatches and
offsets in a communication system. Fig. 8 showsdbmplete system calibration we
have adopted.

The equation for the estimation of the transmittatha, is given by,
a=Ry
=(G"G)'G"y (21)

whereR is the least squares solution of the system yrzbntains the sampled output.
For the best performance the ma&xnust match the actual circuit implementation of
the system perfectly.

An intuitive way of understanding these equationsmf the perspective of
adaptive algorithms is by viewing them graphically. the entire process of this
optimization what we actually want is a way to es@nt the transformation the input
symbols undergo from the input to the outpetwe want to identify the system that is
actually transforming the symbols to received sasiplThis is similar to the system
identification problem in signal processing are&$g. 9 shows such a system

identification system.
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Unknown d(n)
7 system
Signal x(n) X ‘
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y(n) ,Z=u: wx(n—i) _ O
L
e(n)=d(n)- y(n) e(n)

Wiy = W, +2ue(n)x(n)

Adaptive system 1dentification

Fig. 9. System Identification Algorithm.

In system identification problem the system is nieden terms of weights ar
these weigts are trained according to the erFig. 9 shows the basic algorithm of a
system identification problem. The only differerfo@m one problem to another will |
the algorithm used to minimize the error and optartihe system weight As we have
explained previously we are trying to represent outesysin terms of a matriG. The
system is actually nothing but a two dimensiondl afeweights defining the mu-

channel receiver system.
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Fig. 10. Graphical Representation of a Rovidflatrix.

Fig. 10 shows a graphical representation of thevdod transformation matrix.
Similarly a representation for the inverse transfation matrix can be formed too. As
we see from the figure each output sample is aiMeiysum of all the input symbols. In
order to accurately identify the receiver systemneed to find the accurate weights

transforming the input to output.

Fig. 8 illustrated two techniques to identify thartsformation system accurately.
The first method involves calibration of tla& matrix or the forward weights (forward
problem) and in the second method, Benatrix or the inverse weights is calibrated

(reverse problem). The normalized least mean sgqudeMS) algorithm is used for
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calibration in both techniques. The update equata@nthe R matrix in the reverse

problem calibration is based on the normalized Lalfrithm and is given by

R(Lr)= R+ 8

wheree, is the error ind. It is shown that updating the forward matrix gisavings, so

the LMS update is applied ® matrix by considering the forward problep=G 4,

a

G(L+1)=G(L)+¢(* (22)

[

wheree, is the error iry .

Mean squared error (dB)

_100 1 1 1 1 1 1
0 0.5 1 1.5 2 25 3 3.5 4 4.5 5
Number of blocks 4

Fig. 11. Convergence of the LMS Algorithm with arldam Initial G Matrix Estimate.
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Fig. 12. SNDR after Signal Reconstruction.

From the updated values &f matrix, (G¥G)~* and GG are computed for the
next block. The NLMS algorithm tracks the systensmmatches and over a period of
time converges to the ideal solution. The two temphes of calibration are similar from a

performance point of view.
3.3 Matrix Initialization

The update equations (11) and (12) need an ingsiimateR(0) and G(0),
choosing an arbitrarir matrix could result in slow convergence as showrrig. 11
Though we are able to achieve good resolution at dhtput after the algorithm

converges as seen Fig. 12 shows that the numbtarations required is around 50000,
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which means a huge wastage of computational polere is a need to start the LMS
calibration with an initiaR matrix that is close to the desired solution. TThear matrix
equation that represents the forward problem isrglwy (7).

The mathematical model for the forward matrix canused to form the initial
estimate forR matrix according to (8), but as shown in Fig. 11lasge number of
iterations are required for this matrix to conver§ence performing so many iterations
in real time on hardware is improbable, we go fwarsing of carries for forming the
initial estimate ofR matrix. Since we know that each output sampléectdd is a
weighted sum of all the input symbols, we can diyeget the value of each weight by

sending a particular input pattern.

If the transmitted data is given bya = [1000.....], then the received vect§r
is the first column of matriG along with a noise term. The transmitted vediois
repeated in sequence [1000.....], [0100.....], [00100.and so on, to compute each
column of theG matrix. After traversing through all the elemenfsa, the entireG
matrix is formed. From th& matrix, (G"G)"and G" are computed which are used for
symbol detection based on the LS estimate (9). Eggshows the initialization and
training procedures. However, this does not repitee ideal solution because tlye
vector is contaminated by the noise present incthmuit. Using thisG matrix as the
initial starting point LMS algorithm can be used daickly converge to the ideal
solution. It appears that the drawback of this métls that an inverse operation
(G"G)™ needs to be performed. However, the sparsity®f2hG matrix is exploited to

drastically reduce the complexity of inverse conagion.
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Fig. 14 shows the error and the output SNR achieved whemabove matri:

initialization procedures adopted instead of using the mathematical masle¢he initia

estimate for theR matrix. We see that the number of iterations rexfliis drastically

reduced and the matrix initialization procedure nomakes it feasible for tF

implementation of this ystem on hardware with minimum processing and mgr

capabilities.

Simulation results are presented to show LMS catibnaand frequency offst

estimation of the system. A system model is createMATLAB The input to the
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system is a QPSK modulated signal of 128 carriats bandwidth of 1GHz from 1-
2GHz. The receiver model used in this example hgmrallel | & Q channels. The
frequencies of the mixing signals (I & Q) used atle channel are chosen such that they
are uniformly spaced around the center frequencly.®&Hz and also are orthogonal to
each other in a signal block of duratién

The output of the mixer is integrated over a timadew of duration 6ns. The
integrated outputs are processed digitally to recdhe data. An overlap of 2ns is
introduced in between the integration windows. tBe, effective time duration between
samples is 4ns i.e. the sampling frequency is 250MHhe detection of the symbols is
carried out using the Lease Squares estimAMGNnoise is added to the input signal
such that the SNR = 100dB. The system mismatchésofirets discussed earlier are
introduced in this model. There is a random deld@yin the arrival of the signal block.

Each sub-carrierk' has a random initial phase offset. Each chanasldrandom gain
and phase mismatch €°". All the in-phase and quadrature LO signals havanaom

initial phase offset. A finite rise and fall timg introduced in all the clocks including the

LO signals.
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Fig. 14. Convergence of the MSE with InitRMatrix Initialized through Training.

It is assumed that the LO signals and the samgliocks are aligned as they are
generated from a single reference source. Thaliftimatrix is formed by the matrix
initialization technique described. Fig. 14 shovesiation of mean square error versus
iterations and Fig. 15 shows the SNDR across thecawiers after convergence is
achieved. SNDR here implies ratio of the signal @oto the total error on each sub-
carrier due to noise and other residual non-idealiafter calibration. As expected the
LMS algorithm could calibrate all the static misotegs and the mean SNDR across

carriers is close to the input signal SNR of 100dB.
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Fig. 15. Receiver Performance Post LMS Calibratiith Trained Initial Estimate.

Further, when the SNDR is better than 20dB, daasmission can be started
and in the background LMS calibration can be camthby taking hard decisions on the
received data and computing the error. This issiptes because for an SNDR greater
than 20dB, the bit-error-rate (BER) is low enougttalibrate in a blind fashion. In the
case of noisy channels, the SNR of the input signkmited by the disturbances added
to the signal. The convergence of the LMS algoritisnverified for the case of noisy
channels. Post convergence the SNDR is expectezhtd the input SNR of the signal
which is clearly evident in the following figureSimulation results for two different
cases are provided in Fig. 16 and Fig. 17. In ease the output SNDR approaches the

input SNR and the corresponding convergence oM@ algorithm has been provided.
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LMS Convergence for SNR = 40dB
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3.4Digital Complexity Analysis

An analysis is presented on the computational cenxifyl in the digital
processing block of the multi-chanrsshcfilter bank. The whole analysis is centered on
the sparsity of thé&s" G matrix which is exploited to drastically reduce trmmplexity of
symbol estimation.

The first step is to analyze the complexity of g#ymbol estimation which is
given by a=Ry. Using the least squares solution far a=(G"G)*G"y. This
computation is decomposed into two steps, whichees complexity. Firsp=G" y is

obtained, and them=(G"G)™p is used to estimate the symbols. In obtainimgthe
complex representations are retained@aandy for clarity in the analysis. The resultant
complex p can be expanded to contain only real values and insthe second step. In

this discussion, it is assumed that frequency bffisethe carriers has already been
corrected. The other static offsets and mismatenesalso omitted for sake of clarity,

however, including them does not alter the analysa€h element it is given by,
mis+Te .
Gm(n, k) - J' e‘JZnFc(k)tq)n( l) di
mTg
Te

= e—jZHFc(k)stJ‘e— jZITFC(k)tq)m'n( D dt (23)

0

where @ (t) is themth segment ob (t). Without loss of generality, the LO signals

fl o(n) can be chosen such tagy(n)Ts is an integer which means the basis functions
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@ (t) are periodic with respect i, So®_ (t) is a periodic repetition o, (t) and

(23) becomes,

Gm(n, k) — e—jZITFC(k)mTS]Q éjZﬂFc(k)tq)O’n( ) d
0
— e—JZHFc(k)t Q<,n (24)
Te .
where Qn = je"z”F“k)‘CIJQn (t) dt The carrier frequency is given by, (K)=F, +k/ T
0

where FoTs is an integer and sincMTs =T , e'?™l™s = giz*mManq hence (24)
becomes,

G,(n k) =e’>"Q §25

, N

Using (23) each element gf can be written as,

M-1N-1

pk = ZZG; n kYm n

m=0 n=0
N-1 M-1 )

:zQ; nzYmnéznkm/M
n=0 ’ m=0 ’
N-1 .

= ZQk,nTk,n (26)
n=0

T..in (26) is periodic ink with a periodM, and similar to arM point FFT, the

complexity of computation of the complefg,, is o(NMlogM). The total complexity of

computation of p includes an additionaNK multiplications and is given by

o(NMlogM)+o(NK). However, this involved all complex multiplicati® and taking into

account the fact that each complex multiplicatiomolves 4 real multiplications, the
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complexity of computation off) Is o(4SN+logM)). Next step is to determine the

complexity of (GHG)™1 p It can easily shown tha&” G is a sparse matrix with onlyN2
non-zero elements in each row. It can be seenthiainverse ol G is also a sparse
matrix. Fig. 18 and Fig. 19 reflect the sparsitytleé matrices. So, the complexity of
(GHG) 1 p is 0(2N*2K)=0(4NK). It is to be noted that all computations in tsisp are

real multiplications and used in this step is exjeal to contain only real terms. Putting
it all together, the total complexity of symbol igstion &=Ry is

0(4K(N+logM))+0(4NK).

Sparsity Pattern of Gl G
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Fig. 18. Sparsity Pattern of G5.
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It must be noted that the simplification in (23)pessible due to the reset in
integration windows in charge sampling circuits.thre case of multi-channel analog
filter banks (such as integrators without resdt® tomplexity of symbol detection for

the same specifications@4ANMK).

Sparsity Pattern of Inverse Matrix
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Fig. 19. Sparsity Pattern of {Gz)™.

The multi-carrier example described is considecedampare the complexity of
LS estimate of a multi-channel receiver weinc and analog filter banks and the
conventional FFT used in OFDM receivers. The compleof anK point FFT in terms
of real multiplications it i®(4KlogK).
In this exampleN=5M=32 andK=128,

Complexity of FFT:0(4Klog128)=0(28K)
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Complexity of LS estimate :
Sincfilter bank:o(4K(5+0g32))+0(20K)=0(60K)
Analog filter bank:o(4NMK)=0(4* 16(K)=0(640K)

It can be seen that in the case of sirec filter bank, the complexity of symbol
detection is only marginally higher than the cortiearal FFT. However, in the case of
the analog filter bank, the complexity of detectisrsignificantly higher than the FFT.
Next, the complexity of symbol detection for thiacfilter bank in the calibration phase
is compared for the forward problem and reversdlpro calibration scenarios. In the
forward problem calibration, th& matrix is updated after each block. In the case of
reverse problem calibration, th& matrix is updated for every block. Considering the
above example, the complexity of symbol detectiothie calibration mode for the two
cases is as shown below: Complexity of LS estir{zdkbration phase)

Forward Problemo(400K)+0(40K)+0(20K)=0(460K)
Reverse Problenu(4NMK)=0(640K)

It can be seen that there is a reduction in coniylexhen using the forward

problem calibration compared to the reverse probtafibration. Table 1 summarizes

the complexity analysis of trencfilter bank and the analog filter bank.



Table 1: Comparison between Analog &idcFilter Bank.

SincFilter Bank

Analog Filter Bank

Analog front

Filter is easily

Filter is not

end . reconfigurable reconfigurable
complexity
Analog
power Less High
consumption
Digital 0(4K(N+logV)) + 0(4NMK)
Complexity 0(4NK)
(Estimation) Ex: 0(6(K) Ex: 0(64(K)
N o(16NK) + 0(4NMK)
c Digital . o(4K(1+logV)) +
omplexity
(Calibration) O(4NK)
Ex: 0(460K) Ex: 0(640K)
Digital Power Significant power | 10 times more power tha
Consumption reduction sincfilter

41
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4. JITTER TOLERANT MULTI-CHANNEL ADC

Timing jitter is the unwelcome companion of all ahical systems that use
voltage transitions to represent timing informatiétistorically, electrical systems have
lessened the ill effects of timing jitter (or, silpgjitter”) by employing relatively low
signaling rates. As a consequence, jitter-inducear® have been small when compared
with the time intervals that they corrupt. The tgimargins associated with today’s
high-speed communication systems and data linksatdtaat a tighter control of jitter is
needed throughout the system design. As signadites rclimb above 2 GHz and voltage
swings shrink to conserve power, the timing jittera system becomes a significant
percentage of the signaling interval. Under theseumstances, jitter becomes a
fundamental performance limit.

The total jitter (TJ) is separated into two catégmr random jitter (RJ) and
deterministic jitter (DJ). The deterministic jittex further subdivided into several other
sub-categories which is avoided in this discussibnitter the reason for which will
evident in following paragraphs.

Random jitter is timing noise that cannot be preic because it has no
discernable pattern. A classic example of randorsenis the sound that is heard when a
radio receiver is tuned to an inactive carrier freacy. While a random process can, in
theory, have any probability distribution, randoittej is assumed to have a Gaussian
distribution for the purpose of the jitter modeln€®reason for this is that the primary

source of random noise in many electrical circigtthermal noise (also called Johnson
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noise or shot noise), which is known to have a &ansdistribution. Another, more
fundamental reason is that the composite effechafiy uncorrelated noise sources, no
matter what the distributions of the individual sms, approaches a Gaussian
distribution according, to the central limit thewre The Gaussian distribution, also
known as the normal distribution, has a PDF thaleiscribed by the familiar bell curve.
For a Gaussian variable, the peak value that ihtradfain is infinite. That is, although
most samples of this random variable will be clieslearound its mean value, any
particular sample could, in theory, differ from tmaean by an arbitrarily large amount.
So, there is no bounded peak-to-peak value forutigerlying distribution. The more
samples one takes of such a distribution, the fatgemeasured peak-to-peak value will
be. Frequently, efforts are made to characterizé sudistribution by sampling it some
large number of times and recording the peak-tdpedue that results. One should use
caution with this approach. The peak-to-peak valtiea set ofN observations of a
random variable is itself a random variable, albeg with a lower standard deviation.
Using such a random variable as a pass-fail aoitefor quality screening, for example,
requires that the pass threshold be raised to atctoar the uncertainty in the
measurement, resulting in some acceptable unitgydailed. In most of the simulations
we use the Signal to Noise distortion ratio aspaemeter to gauge the performance of
the systems in presence of jitter. Though this sesm to be faulty since the error added
due to random jitter is unbounded, in reality theoe added can still be defined
statistically similar to the other noise sourceskmew and therefore signal to noise ratio

holds credibility as long as the number of datacksounder test is sufficiently high. We
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ensure this by running montecarlo simulations winesge simulate the system for
hundreds of data blocks and average the SNR peafazenof the system over all the
blocks.

Deterministic jitter is timing jitter that is repidle and predictable. Because of
this, the peak-to-peak value of this jitter is bded, and the bounds can usually be
observed or predicted with high confidence basedaoreasonably low number of
observations. This category of jitter is furthebdivided into categories like periodic
jitter, duty cycle jitter etc. In any case the naitself implies this kind of jitter can be
determined and when the sources of the jitter aterthined, appropriate measures can
be taken to reduce the effect of error added dwseith jitter. For example, the sampling
clock could be modulated by a sine wave interfezeinom the power supply, this is a
kind of deterministic jitter. By theory we know tlfieequency of such an interferer and
by placing a decoupling capacitor the modulationtloeé sampling clock can be
eliminated. In most cases by theory or by obsesumatie can identify such deterministic
errors and by using proper filtering mechanisms eem get rid of most of the
deterministic jitter added to the sampling clockeiliefore we concentrate our efforts
mainly on Gaussian distributed random noise whiahnot be estimated and negated
owing to its nature of randomness.

As we know the deterministic jitter added due tmgkng clocks can be nullified
in a number of ways like the use of decoupling cdpes and therefore we concentrate
on the effect of random jitter on a ADC output ahé way in which multi-channel

ADC'’s can increase receivers tolerance towarday jitt
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A receiver chain can be split into three main pattie radio-frequency (RF)
front-end, the analog baseband, and the digitelzasd. The analog-to-digital converter
(ADC) provides the interface between the analog digdal basebands. Parallelization
in the design of receivers has been conventiomallyized using sampling multiplexing
through the time-interleaved ADC architecture. F26. shows the signal-to-noise-ratio
performance of some of the latest reported singbngel and time-interleaved ADCs
[31]-[42]. The Figure shows also a line with thedhetical maximum achievable SNR
for 1 ps and 5 ps of clock-jitter standard deviatio the SHA. The plot shows that the
clock-jitter has become an impediment in the desafimpractical high performance
ADCs and some of the latest reported implementatd@mand the standard deviation to
be better than 1 ps, which requires prohibitivelyhhpower consumption in the clock
generation circuits.

ADCs operating with sub-pico second clock-jittere ademonstrated using
cutting-edge bulky equipment and in stand-alonefigaration to avoid interference
from adjacent devices. This setup is not practicany of the envisioned transformative
applications which require high levels of integoatiand miniaturization. The lack of
robustness to jitter in the sampling clocks of timéerleaved-ADCs has become a
critical problem for parallel channel ADCs that amsvisioned to support the future

generation of wideband systems.
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Fig. 20. Achievable SNR vs Jitter with State of Receivers.

4.1 The Fundamental Limitation: Clock-Jitter

The fundamental clock-jitter limitation can be ursteod and quantified by a
well known equation in the field of data convertdfsan ADC is sampling a sinusoidal

signal running at full Nyquist rateF&2BW), a sampling clock-jitter of variancq-2
introduces an equivalent additive noise of variauﬁe=(2ﬂBW0'j)2 [43] . Therefore

the signal quality degrades quadratically with signal frequency. This leads to very
stringent requirements on the clock-jitter for text generation of signal bandwidths
and resolutions. For instance consider a basetigndl bandwidth oBW = 5GHz and

b =7 bits of resolution, which using the fundamentatadaonverters relationship

SNR= 6.0b+ 1.76dl, is equivalent to an SNR requirement of aroundiB4The SNR
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dependence on the clock-jitter can be written diyeasSNR:/]/ . . Solving

(27BWO, )
for g;, we obtain 201 fs201 x 10~'° seconds). Note, this is also an issue in medium-
bandwidth high-resolution applications, with thensajitter specification obtained for
BWE50 MHz and SNR=84 dBb(~ 14 bits of resolution). Such a jitter standardialéon
requirement, if not impossible to achieve in marnncut technologies, will greatly
increase area and power consumption of the phakedeoop (PLL) circuit and buffers
that generate and drive the sampling clocks. ilhgortant to note that the above simple
clock-jitter requirement analysis is valid only farsingle tone signal that drives any
Nyquist rate ADC such as time-interleaved ADC airayle channel ADC topology such
as pipelined, flash, and successive approximatiDC# . Although the sampling clocks
of a time-interleaved ADC run at a fraction of thequist rate frequency, every channel
still sees the full bandwidth of the input signdiieh will produce aliasing of noisy high
frequency components when sample d with a jittesledk. Therefore, although the
sampling rate in each channel of a time-interlea&&d is relaxed by the number of
channels, the jitter requirement is the same as single channel ADC. This issue has
become one of the fundamental obstacles that amvepting transformative
specifications in wideband data communication nesrsi

The receiver we discussed in the previous sectoaniother kind of multi-
channel receivers but the tolerance it offerstterjis poor because the ADC at the end
of the each path is still seeing huge amount ofi ilgquency quantity. This is because

each path has sincfilter integrated in it and the filter is of firstrder. As we know first
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order filters have a roll-off of 20dB/decade andstlimplies that if each path is
processing 250 MHz of sighal the unwanted signaR.&GHz would only see an
attenuation of 20dB. Because of this poor atteonatffered to high frequency
unwanted signal the tolerance we obtain to jitteepaor. In order to improve the jitter

performance, the receiver is modified and re-preeskhelow,

=X A/D; IS
F tl'i* -'(3
1 = O ~
FS/N (&) "q_)' a
—> . : @ A ——
Vin - . g- ©
5 €
F
N tr N

Filter-Bank A/D Array

Fig. 21. Multi-Channel Filter Bank Type of Receiver

Consider the generaN-channel receiver structure in Fig. 21. The filters
F1,F>...R channelize the input signal bandwidth iftobands and down-convert the
signal to baseband. For an ideal “brick-wall” tygfefilter, the signal bandwidth in each

channel is reducebl times leading to an additive noise variance tleat be obtained
directly from the elementary equatiafl:(ZHUjBW/ N)Z, which is N2 times lower

than the one for a time-interleaved ADC. Howevdédters with finite roll-offs do not
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separate the channel’s spectrum perfectly and elaghnel still sees a spectrum full of
energy, although with some out of band attenuafitve. remaining out of band spectrum
energy produces noisy aliasing into the signal bahédn it is sampled with a jittered
clock. This has been considered a serious drawlzdcklter banks in the data
conversion community. Indeed, it is easy to showt tf a signal is uniformly
channelized withN first order filters, each with bandwid@®W/N the effect of clock-
jitter is worse than if a single channel or timéenteaved ADC is used. This is what
happens when we use thmc filter bank receiver as the high frequency conientot
sufficiently attenuated. Sadly enough, the lackigbrous analytical tools that would
allow taking a closer look at this architecture asdntricacies has discouraged the use
of analog baseband multi-channel filters to obtdatk-jitter robustness.

From the above paragraphs it is clear that lesse@amount of high frequency
content in each path lesser is the error introduwhesl to jitter. Achieving a brick wall
filter is impossible so we try to analyze the sgsteperformance by increasing the filter
order in each path and later we support theseteesuth analytical derivations. The
analysis is developed in the context of orthogdreduency-division-multiplexing
(OFDM) [44]-[48] signals which are the preferredyrsaling scheme of wideband
standards such as ultra-wideband (UWB) and 60 GIEMAE-387. Clock-jitter in
conventional single channel OFDM systems has beatyzed in [49] which provides
preliminary foundation that will be adopted for thealuation and comparison of the
results obtained from analysis/simulations.

As we have discussed the tolerance to jitter deped the amount of high
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frequency signal or the bandwidth being processeshch path, and therefore by the
of brickwall filters or really high ordeilters in each path we can improve the receiv
performance in the presence of sampling clockrjitfée first need to establish this
what happens in the case of receivers built for @F&)gnals as well. The derivatic
supporting the improvement acved by channelizing the signal into multiple pat:

regards to an OFDM receiver is presented b

4.2 Analytical Derivation of the Sampled Data S

There are two figures of merit that fully charaerand provide the bas
analytical tools to understa the tolerance to clock-jitter of the muttirannel receive!
the sampled data SNR and the symbol detection ISKNR.sampled data SNR meast
the data quality at the output of tisamplers’right before the digital baseband. T
symbol detection SNR meeres the data quality after the digital basebandh EBNRs
will be obtainedin the context of OFDM signals with emphasis onirtdependence o
the number of channels, which is the fundamental design parameter ofpitogposec
receiver.

Fig. 22 shows th basic block diagram used for modeling the OFDM ai

transmission and receptic

|
ab| v [pac :xypr:; © —»?—bADCib R >4
R R

ecener SN sampled czta ISNR syradl detection

Fig. 22.Model for the OFDM Transmission and Receptioechanism
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To facilitate the analysis, the model is introduseith a matrix notation. The
transmitted signal is given by:
x=%Ya, 27)
where a=[a,a,,...,a;]" , Y=[¥,¥,,...,¥.]" .This model is valid for any arbitrary
transmitter that simultaneously serfsisymbols. In the particular and important case of
OFDM, the matrix¥ is the set of complex exponential functions theiresent the
IDFT operation with N points of an OFDM transmitt€he received signal is given by:
r=x+n,, (28)

where, n, is the noise added during the transmissi@mmsider an OFDM signal

M
composed oM sinusoidal signals:x(t) =Y A sin( m\wt), whereA is the symbol of

m=1
the m" tone, 4w is the tone frequency spacing which is equaB¥W/M This signal is
sampled at instances=nTs+ ot by clocks of frequencys= 1/Ts and clock-jitterdt
with varianceajz. The uncertainty produced by the clock-jitter be OFDM signal can

be expressed as:
x(t) = iAn[sin( mM\wt) cof Mawd )+ co§ Mw} sif Mmawo X
=1
which for a smalbt can be approximated as:
x(t) DiAn sinsin( mﬁa)t)+imﬁa)5t,g\ cog mw } (29)

The error produced by the clock-jitter is approxiehagiven by:

M

£(t) =x(t)=>_A,sinsin( mMwnT) szh: nwd tA co§ mw ) (30)

m=1
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The variance of this additive error can be expresse

2n

o’ =£*(t) = Wg—: {Zm&a)ﬁqcos(m}ax)} dt (31)

=1

which, owing to the orthogonal nature of the OFDilyhal, can be re-written as:

2n

o’ JZ—ZI [mAwA, cos mwi ] di, whereo? = 3t

m=1 o
This expression simplifies to:

o’ —a?i mzAafA% 1 o/Aw? im A (32)

[JanfZ:quAﬂ

AssumingAn= A for m=1,...,M the sampled data SNR final expression is:

M
ampled data 2
Adz:

SNR, (33)

Therefore, the sampled data SNR is inversely ptapwal to the clock-jitter
variance, the squared value of the OFDM frequepegisg and the terti_, m?. This
last term is critical in the performance enhancenoérthe multi-channel receiver. For
instance, consider a 4-channel system using id&zkvimall type of filters. The original
OFDM signal has 128 tones that are split into 4nacleds with 32 tones each, defining
SNR;,g andSNR;, as the SNR for the original signal and 4-chanighad, the SNR

enhancement of the multi-channel approach is goyen
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Fig. 23. SNR Enhancement as a Function of Channels.

4.3 Analytical Derivation of the Symbol Detection SNR

Without loss of generality, the receiver diagramFig. 22 only models the
analog and digital baseband processing and Figsi8vs the SNR enhancement
achieved before reconstruction as function of nunobgaths. The matri® represents
the analog filter bank transformation. ARdrchannels® will have N columns, one per
channel. The number of rows & corresponds to the number of samples per channel
that the ADC takes for one block Kfsymbols. The sampling rate should comply with
the Nyquist sampling theory, i.e., the number ahgles should be no less thEknThe

receiver can be represented by the following linearsformation:
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y=®r +n,=®WYa+n;) +n, (34)
where, n, is the noise during sampling. Note that ffexts of clock-jitter are included
in n, and n, and therefore the DAC/ADC in the diagram deal. That the clock-jitter
variance and the corresponding additive noise mee€awere derived in (32). For
brevity, (34) is rewritten as:

y =Ga+n, (35)
where G =®¥ , andn=®n, +n, . This is an over determined system,thadeast

squares (LS) estimation &  is given by:
a=Ry=a+Rn, (36)

where R=G"'=(G"G)™"G" . The matrice& anR  are theneration Matrixand

Symbol DetectioMatrix, respectively. Depending on the receiver’s architee, G and

R vary, which results in different amplification dfet noisen as shown below:
E| |Rn]" |= E[n"R"Rn] = E[ n"Q"AQn]
S . S S S . "
= EKZAanj{an,— ﬂ= E{ZB nngq }
=

i=1j =1
s

=Z AE(M n)gq, Z/l E(f n)g"'q

=Y AE(n)

i=1

n
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where Q =[q;,q},...,q5] » q; Iis the eigenvector oR"R corresponding to the
eigenvalue), , i.e., the singular value Bf , a@dQ =1 UAE8g that the noise is

Gaussian with zero mean and variaagte then
2 S
E[IRn]"]=02> A (37)
i=1

Therefore, the noise amplification of different tmnghannel receiver
architectures is determined by the singular vabigke reconstruction matriR . In the
muti-channel architecture proposed here, the typgiters will changeG which in turn
changesR leading to a different digital and analog receisteucture.

Now, replacingo?, by the expression in (37), the SNR of the detesiedbols

can be expressed as:

SNR 138

Fig. 24 shows the SNR versus power of jitter for thgecof 1 and 4 paths. The
derivation and the results presented make it ¢lestrthe channelizing the OFDM signal
into separate bands gives a definite amount oforngment in the SNR achievable. But
as pointed out earlier this improvement can beeadd only if we completely attenuate
the signal outside the band of interest. Practioplementation of brickwall filters, as
we know is impossible and therefore we try to achidwe some improvement by

increasing the filter order in each path.
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Fig. 24. SNR Plotted as Function of Jitter from k&hematical Derivation.

As we keep increasing the filter order we expect thead band signal to be

attenuated more and therefore the receiver to perbetter in terms of jitter tolerance.

4.4 System Setup

In order to prove the above hypothesis we build #iromannel OFDM receiver
in Matlab and present the results. The input tordoeiver is an OFDM complex signal
with S=128 carriers and bandwidth BW = 5GHz. The remeias 5 paths and the LO is

each path is 4GHz, 2GHz, 0, -2GHz and -4GHz. Figure bslmws the model of the

receiver used for simulation purpose.
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Fig. 25 shows the block diagram of the multi-chameleiver with 5 parallel
channels, an aggregated sampling rate of 1&Q 10GBis. LO generation is also
showed in the figure. In reality the since we santphboth the 1&Q paths, the sampling
rate required in 1&Q separately is only 1GS/s, tb&alt sampling rate achieved is
10GS/s. We use analog filter banks in each path. Mheteeach path can be usisigc
type of filters as described in previous sectidisch a modeling of the receiver would
no doubt provide additional advantages of loweriiggtal complexity and saving power
consumption. But here we use analog filter bankg &s easier to simulate real time
higher order filters. The jitter tolerance thatishieved here by increasing the order of
the filter can easily be extended to Huecfilter bank type of receivers. The receiver was
simulated with first, second and third order filténseach path. We observed that the
performance of the'Border filters was very close to that of the perfante expected

for brickwall filters.
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Fig. 26. Output SNDR for Different Filter OrderstalNumber of Channels vs Jitter.

The results, obtained by Monte Carlo simulatioms,@esented in Fig. 26 which
shows the SNR at the output of the receiver (theb®} detection SNR) versus the
clock-jitter standard deviation for the conventibhahannel OFDM receiver and multi-
channel receiver topology with N=5 and N=10 chasn€he figure shows that the ideal
10-channel brickwall filter approach offers a 20 8BIR enhancement, and a practical
2nd order multi-channel receiver performs very elts the ideal curve. The plot also
reveals that to achieve 7 bits of resolution (44,dBe conventional OFDM receiver

based on a time-interleaved ADC, or some otherlaicgannel conventional ADC,
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requires a 0.345 ps clock-jitter, whereas the Sinkhreceiver approach can tolerate
1.36 ps of clock-jitter standard deviation. Moreqgwe 10-channel receiver can tolerate
3.5 ps. Additionally, the plot reveals that if aNFS of 40 dB is sufficient, the 10-channel
receiver approach can tolerate up to 5 ps of standaviation whereas the single
channel counterpart needs roughly 0.5 ps, a 10Xduagment in clock-jitter tolerance.
This degree of clock-jitter tolerance will enableveral transformative wireless high-
speed data communication applications that are \diffjcult to achieve with
conventional single channel and time interleavgalimgies.

Monte Carlo simulations depicted in Fig. 26 illadé this important result as it
was previously discussed. An additional design iipation that is highly relaxed in the
multi-channel approach is the SNR sensitivity taatsons in the clock-jitter. It is shown
that for SNR=40 dB, the single channel approachdm$SNR sensitivity of -20 dB/ps
whereas the 10 channel approach has -2 dB/ps.1Dhisnes lower senstivity to clock-
jitter variations is crucial to obtaining robustade episodic clock-jitter spikes produced
by interference or other unpredictable events.

The input signal as already pointed out is baseb@k®M, with 5 GHz of
bandwidth and 128 tones signal. This signal has#pability of providing the high data
rates of the future generation of wideband datamamcation needed to enable several
transformative applications such as millimeter-waadios, cognitive-radios, software-

defined radios and massive parallel RF coils fet faagnetic resonance imaging.
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4.5Clock Generation

The new multi-channel receiver is achieved with la@mplexity clock
generation, as it requires clock at 4 GHz (see E&). A simple divide-by-2 circuit
generates the 2 GHz clock for the second set oersiand for the ADC sampling
clocks. Note that in a time-interleaved architegtuthe front-end sample-and-hold
amplifier requires a 10 GHz sampling clock. Thisemll lower clock frequency
translates into critical power savings in the prsgzb multi-channel receiver. The middle
channel is already centered at DC (0 Hz) and dagtsraquire frequency translation
although a dummy mixer could be used for matchingppses. Simple analysis and
simulations show that the effect of jitter on tbhedl oscillator (LO) clocks is negligible
in comparison with the clock-jitter in the samplidigcks. Thus, all the clocks will have
the very relaxed clock-jitter specifications dissed throughout this paper. For the
adopted receiver, a simple frequency divider by Baeded. This is evidence of the low

overhead in the extra LOs needed in the propospaph.

4.6 Digital Reconstruction

Calibration of the analog imperfections of the maltannel system is a
fundamental objective for successfully accomplighanfully functional multi-channel
receiver. All multi-channel systems are sensitvenismatches in key blocks.

We have discussed and derived a calibration schemte multi-channesinc
filter bank receivers. A similar calibration scheoan be employed in this case as well
to get rid of the many errors that are introduagd the multi-channel system. Some of

the primary sources of the error in multi-chann@lag filter bank receiver are gain and
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phase mismatches between the paths produced die timperfect matching in the
design of the various circuits. The mismatchedadain of the filters in each path also
create error.

Since the transformation of the input symbols tmaitted to the samples
collected at the output of the multi-channel reeeiis linear, we can represent the

transformation mathematically as below-

Assume there ar®l paths and in each patt samples are collected. Th
samples collected in each path amount to a totMMfsamplesY ( m rﬂmol "o given
by,

Y, = {(m7)or,( m)
whereTs is the sampling period(t) is the received signatp,(t) is the basis function
onto which the input signal is expanded in tffepath, m=0 toM-1 indicates them™
segment in each channel and n=MNta refers to the™ channel. The basis function here
is formed by the mixing operation followed by argafdtering. These quantized samples
are processed digitally to estimate the symbolectly using a least squares (LS)

estimator.

The sampled data, can be represented in the foarvettory as shown below,

vy =[Yoo, Yo, - Y1, Yio, Vi1, oo Yl
The data that is modulated on all the sub-cardarsbe represented in the vector

form as shown below,

[a(0).a(9).a(3.a(3 . a(K) a(K]
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It can be seen that the entire system that gersetiaéevectory from & can be

represented by a linear matrix equation as,

Ga=y
As the real and imaginary components of both thhderaand the LO signal are
represented separately inside the mat&xyecomes alMx2K matrix. The data can
be reconstructed from the received vecyousing the LS estimator.
R=(G'Q™ G
With the knowledge of the reconstruction matRxand the received vectoy ,
the data transmitted can be estimated using thatiequ
a=Ry
As a starting point, preliminary back-end digitalast mean squares (LMS)
calibration algorithm to learn the static mismagiw®s been tried out which is a well-
understood, simple and effective way to correcseéhproblems. The unigueness of the
approach is that the algorithm is developed inchretext of OFDM signals, where a set
of known training symbols is used to update theirar matrixR. In this way there will
be no analog overhead to obtain a reference signal.
Using the same OFDM transmitter and multi-chaneekiver explained in Fig.
26, a simulation result is provided in Fig. 27 whishows the LMS algorithm
performance for several iterations. The digitalkband both detects the symbols from
the ADC output and has the LMS algorithm learnimg treceiver analog blocks

mismatches. The calibration can be performed oridiveard transformation matrix 6
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or the reverse transformation matrixR-The matrix initialization and frequency offset
corrections procedures are to be followed as pdiimearlier sections before calibration

can be kicked off on the transformation matrix.
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Fig. 27. Improvement from Calibration.

In the simulation, controlled mismatches are inimetl between the different
channels. The gain variations between paths ar201%- and the phase mismatch is 10
to 15 %. Additionally, there is a mismatch in tlgped of the local oscillator (LO) signal.
The digital post processing block assumes the Lgdads to be ideal square waves.
However, in the receiver model, the square wave® laam exponential rise and decay
due to the RC filter in the clock routing netwoAs shown in Fig. 27 , the calibration

algorithm dramatically improves the receiver peariance from 20 dB to 80 dB. The
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calibration literally heals the highly impaired RIRd analog receiver frontend. Table 2

summarizes the jitter tolerance achieved.

Table 2: Summary of Jitter Tolerance Achieved.

Parameter 10-Channel 5-Channel 1-Channel Receiver
Receiver Receiver
Signal Band -5GHz - 5GHz(I| -5GHz - 5GHz(l -5GHz - 5GHz(l
and Q) and Q) and Q)
Modulation QPSK-OFDM QPSK-OFDM QPSK-OFDM
Scheme
No. of Carriers 128 128 128
Carrier Spacing 78.125MHz 78.125MHz 78.125MHz
Number of 10 5 1
Paths
Sampling 1.25GHz(l and Q)| 2.5GHz(l and Q) 12.5GHz(l and Q
frequency
in each path
Number of 16 32 160
Samples
collected in
each path
Jitter Tolerance 3.5ps 1.36ps 0.345ps
@ ENOB=7
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5. BANDWIDTH OPTIMIZATION

In this section we will try to improve the jitteslerance of our receiver structure
without the overhead of increasing the filter basrdler. Just to recap the receiver
architecture the signal is down converted firstugg of mixing operation and then low
passing the signal selects different frequency bame@ach path. Assuming the low pass
filters are perfect brick wall filters the ADC iraeh path works at onlg@*f,./N. Also
the maximum frequency component seen in each atnly f.,/N whereN is the
number of paths. If it is a pure sinusoidal sigin@n the SNR according to the previous
equation is expected to get better Ky times. But note that this is true only in the
presence of ideal Brick wall filters which are ualizable in practice. What we have in
reality are filters of finite roll off, which meange need very high order filters to replace
the Brick wall filters, and even if we use suchhigyder filters some part of the outer
band of frequency is seen in each path though wmithuced amplitude. Such a signal
when sampled &*f,,/N with a jittery clock results in noisy aliasing tfe outer band
of frequencies which are present in every pathtddamite roll off. It has been found out
in the previous sections that even in the presesfceuch noisy aliasing there is

significant improvement in jitter tolerance whegler order filters are used.
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5.1Bandwidth and Filter Order Trade-Off

To understand the effect of bandwidth and filtestesron the receiver one needs
to understand the digital reconstruction of the lsgts done at the backend. Mean square
algorithm is used for the detection of symbols withactually reconstructing the signal.
This saves a lot in terms of complexity and makbke teconstruction problem
straightforward. Fig. 28 shows the receiver strieetwe will be using for analyzing the

trade-off.
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The signal transformation from the transmitter émthe signal detection end can
be mathematically representatlis the vector of symbols that need to be transnhitte
These symbols go through the transmitter and recalain and are recovered in the

vector. The transformation from vect@®toy can be represented by a matéx

G*a=y

Now G which is called the forward matrix is formed byhdang a sequence of
input symbols through the system, this can alsthbaght of as scanning the carriers.
We can notice that this way of forming the forwargtrix catches all the errors in
amplitude and phase occurring across the carférsn for the Mean square estimation
of the symbols from next transmission we invertFoeward matrix to forni.

R=(G'Q*G

This reconstruction matrix corrects for all the dibaple and phase errors which
manifest as errors in the weights. This featurthefsymbol estimation can be exploited
in our receiver to reduce the power consumptioneGihat the low pass filters we have
used are Butterworth filters, these filters margpeiithe Gain and Phase of the input
signal. Ideally in the pass band the Gain of tlterfis unity and in the stop band the
gain drops across the frequencies and also ther@lsse shift caused by the filter. The
rate of gain drop and phase shift depend on therastithe filter. The gain drop and
phase shift the filter introduces can be considasedain and phase errors and given that
out digital reconstruction scheme can correct foese errors we can lower the
bandwidth of the filters that we are using. Alseaan easily understand that if the gain

error is so high that the power of carriers beconissernable from noise it cannot be
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corrected and there would be evident signal lo$ss Places a limit on the extent to
which the bandwidths can be reduced.

Fig. 29 shows the effect of varying the cutoff tweqcy on different orders of
filters in the presence of sampling clock jitteheBe simulations were done with a input
complex signal of bandwidth 5 GHz with 10 pathserdiore each path is expected to
process 1/10 of the bandwidth that is 0.5 GHz. Ashave seen before the performance
of first order filters in the presence of samplitigck jitter is bad because of the finite
roll off of the filter out of band carriers are nattenuated to a satisfactory level. Now
since the Mean square estimation can reconstraecidba on carriers which are slightly
in the stop band of the filter, we reduce the paasd frequency of the filters. The
amount of attenuation on the carriers beyond 0.2 (®kreases therefore the error added
due to jittery sampling of out of band decreaséss 1s evident in the figure when a first
order filters cut off is decreased. The performaateéhe multi-channel receiver with
first order filters gets better and keeps incregsie we decrease the bandwidth.

In case of second order filters, which have hight#tenuation, the previous
argument holds good and the performance gets bbtierwhen the bandwidth is
decreased further owing to the sharp roll off & fitter the in band signal loss is greater
and dominates the benefit of reduced aliased nteeefore the SNR decreases as a
whole. When it comes to the case of third ordeéerfd the attenuation is so large that the
reconstruction matrix cannot correct for the gairorethat creeps into the system and

due to loss of in band signal the SNR achievabtbénpresence of jitter drops.
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As we know the higher order filters consume a latrenpower than the lower
order counterparts. Therefore instead of using drigbrder filters to have better
performance against sampling clock jitter in mahiannel receivers we can use a lower
order Butterworth filter with reduced cutoff frequey. This gives drastic savings in

power consumption and complexity of the receiver.
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Fig. 29. Effect of Varying the Filter Bandwidth.

5.2 Analysis of Bandwidth Optimization Using Mathemati®&/odels

Here we revisit the derivation we did in the prexdsection in order to be able to
prove the concept of bandwidth optimization of loweder filters. As we have defined

previouslySNRp measures the data quality after the digital basg&INRp is obtained
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in the context of OFDM signals with emphasis onirtidependence on the number of

channels, N. The transmitted signal was defined as:

X =W¥a,

where@= (8,8, ,as]" W=[W, Wy, W' a0 the received signal is given by:

r=x+ng,

where n; is the noise added during the transmission. Gitr&t the samples are

collected satisfying the nyquist rate the outputtteé receiver can be represented as
below for simplicity-

y =Ga+n,
This is an over determined system, and the leastreg (LS) estimation o& is given
by:

a=Ry=a+Rn,

where R=G"=(G"G)™"G" . The matrice& anR  are Generation Matrixand
Symbol DetectioMatrix, respectively. Depending on the receiver’s architee, G and
R vary, which results in different amplification thfe noisen as shown in the previous

section. Assuming that the noise is Gaussian vétb mean and varian@g,, then

e[ Jrnl]= ajiz:)li

(39)
Therefore, the noise amplification of different ntnghannel receiver

architectures is determined by the singular vabfdghe reconstruction matriR . In the
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multi-channel architecture proposed here, the tfdéters will changeG which in turn
changesR leading to a different digital and analog receisteucture.

Neglecting noise added due to transmission andm@sgujitter noise only to
calculate 0%, consider an OFDM signal composed of M complexusindals of
bandwidth BW applied to the N-channel system in ER)

Without loss of generality, assume Butterwortlefilhg with magnitude

H (ja))|2 :;Za and phase(w), wherew, is the cutoff frequency and is the

14| 2
,

filter order. After mixing and filtering, the sighim pathi is given by

M/2 Anej‘ﬁ(mAw‘wLOi) ej(Ma*am)t

w@m= >, —
T \/1+ (mww_ Woi j

whereA, is the symbol of the'" tone, 4w is the tone frequency spacing which is equal

(40)

to BW/M,andw, o is LO frequency in path. This signal is sampled at instantganTs
+ 0(nTy) by clocks of frequencis= 1/Ts and clock-jittero(nTs) with varianceajz. The

uncertainty produced by the clock-jitter on the Q#Bignal can be obtained as:

M/2 Anej¢(mAa"ai0i) é(mﬂ(d—(u]_o‘)lﬂ; é( M@= ;) 0( NT)

v(n= >

m=-M/2 — 2a
14 M@=,
@,

which for a smalb(nTs) can be approximated as:

(41)
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M/2 Aneiﬁj(mw“*{o\) é(n‘Aw—a{Oi)n'I;

v(n= +

2a 2a
me—M/2 \/1_'_(”&0)— a{Oij me—M/2 \/1_{ m\co— a{a]
2 @

M/2 % él’(nﬂw‘a{o\) én&w—a{@)n}

j(mAcw— a{Oi)J( n-l;)

(42)
The error produced by the clock-jitter is approxiehagiven by:
M/2 g?mia-io) d(mar-ae) M/2 d(ma-o) dmw-as) nt
em=y(n- Y -y A j(mw- @, )a)
m=—M/2 m=—M/2
Jl{m%cj H nwagsc)
« «
(43)
The variance of this additive error in tifpath can be expressed as:
TAw
2 TAa) (44)
For the N paths, the total variance is given by
g (n) = &*(n) (45)

Replacing the value of the error calculate from abeve formula in (44yives
the total error introduced after symbol detection.

Eq. (39) defines the amount of noise amplificatibat the reconstruction of the
symbols causes. The reconstruction matrix vari¢ls thie cut-off frequency of the filter
as it tries to correct for the gain and phase amwooduced in each path due to low cut-
off frequency of the filter. Fig. 30 shows the \aion of noise amplification with cut-off
frequency of the filter. Similarly (43)-(45) definke dependence of the error added due
to jitter as a function of the cut-off frequencygF31 shows the variation of the error

due to jitter with the cut-off frequency of thetdit.
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It is clear from Fig. 30 and Fig. 31 that the ctftfoequency effects the two
types of errors present in the system in differgays and clearly creates space for an
optimization problem wherein the resolution or 8RR achievable can be maximized.
SNR at the output can be written as follows-

SNR: f( Iutoff’ Orderajitter)

For any given amount of jitter we would want to nmaize the performance of
the receiver of the SNR achievable at the outputhef receiver. The optimization
problem here clearly depends on the cut-off freqyeand order of the filter and the

variance of jitter added to sampling clocks is casible only for scaling of the value of

the function.
Therefore the Objective Function can be writteras
SNR= K f( f.. order
where ‘K’ is a scaling function depending on theiatace of jitter
Therefore-
Optimization Problem-

maximize f (f, . order)

cutoff ?

subject to: order={1, 2, 3}

o<f . <f./N

cutof
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The above optimization problem, if feasible, sholuéve an optimal value of,

at f andorder within the constraints specified. The above problean be

cutoff, optimal bptimal
optimized just as a function of cut-off frequency & particular order of the filter. This
would result in 3 different optimal points, one ledor different order of the filters used.

Now looking at the two parts of the derivation wancclearly explain the
improvement achieved in the performance of the iveceby lowering the cutoff
frequency of the filters. According to equationvgese) the symbols are reconstructed
using the least squares solution.

é:Ry=a+Rn, (46)

When we lower the cutoff frequency of the filtemseiach path, this attenuates the
signal in the band of interest and thereby creatgain error on the symbols, this gain
error reflects as an erroneous co-efficient inftrevard transformation matriss. When
the inverse of this matrix is calculated to recotrex transmitted symbols, these gain
errors are corrected and we get back the actuabalgntransmitted but note from the
equation above that the noise also gets multigdietheR matrix and therefore by virtue
of the erroneous coefficients amplifies the noiBlis noise amplification defines the
lowest cutoff frequency of the filters that canused in the receiver.

Now looking at the formula for the error introdudaceach path due to jitter-
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M/2 ej¢(mA’*’"*‘Lo\)ei(mw‘%sc)”Ts M/2 é?ﬁ("'ﬂw‘ﬁ{o‘) éma)_%sc) ng ]
sm=y(m- > =5 A J(MAw-a,)3(nT)

m=-M/2 \/ [mtd_w Jza m=-M/2 \/ [ rmCL)_a) jza
1+ 0sc 1+ 0sc
@, @,

(47)
We can see that the error introduced can be redoigadcreasing the order of
the filters which would attenuate the error morel #imereby increase the tolerance to
jitter. This is what was done in the previous smttio obtain jitter tolerant receivers.
Now instead of increasing the order of the filtarisich involves higher area, power
consumption and complexity we can play with anofh@rameter present in the above
formula. It is the cut off frequency of the filtetsy reducing the cut-off frequency of the
filter the denominator of the error increases dretdafore the overall error reduces. But
as we have noted previously itself, thought thereis being attenuated the signal also
gets attenuated, and this implies that the recoctsbn matrix causes more noise
amplification. In the case of first order filterewbserved that the noise amplification is
not much and we can achieve an improvement initiee performance by reducing the
filter cut off frequency to as low as 50MHz and tleeeiver system with first order
filters with said cut off had a performance simitar 2'* order filters with a cut off
frequency of 500MHz. Similarly we can improve therformance of the receiver by
reducing the cut off frequencies d¥drder filters. We see that for a 10 Channel case w
can reduce the cut off frequency till 250MHz andugng it below this value would
drop the performance implying that the attenuatibthe signal is so much that the noise

amplification due to reconstruction dominates theprovement in jitter tolerance



78

achieved, thereby decreasing the overall performarfr a % order filter the
attenuation of out of band signal was so much @ngtdecrease in the cutoff frequency
amplified noise to an extent where the improveneiitter tolerance was not visible.

Fig. 32 shows that the theoretical results obtaifiein the mathematical
derivation done in this section match pretty weithwthe simulation results that we
achieved for the multi-channel receiver with 5 ga#imd a total sample rate of 10Gs/s.
Each channel uses butterworth filters and the €ugofaried to find an optimum point

where the output resolution maximizes.
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Fig. 32. Practical Simulation Results and TheoatfrResults for 5 Channel Case.
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Table 3 summarizes the results for the bandwidtimoped 5 channel receiver. It

is evident from the table that & ®rder filter of 1GHz bandwidth can be replacedaby

1% order filter of 100MHz without significant loss the output resolution. This implies

a huge amount of power savings in the receivegdesi

Table 3: Summary of Performance Enhancement.

5-Channel Receiver with Optimized Filter Bandwi@@hps of jitter std. dev.)

Parameter Case-1 Case-2 Case-3
No. of Carriers 128 128 128
Carrier Spacing 78.125MHz 78.125MHz 78.125MHz

Sampling frequency

2.5GHz(l and Q)

2.5GHz(l and Q)

2.5GHz(l and Q

in each path
Filter order 1 2 3
Filter Cut-Off
Frequency 100MHz 500MHz 1GHz
ENOB 4.697 bits 5.546 bits 4.7 bits
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6. EFFECT OF LOCAL OSCILLATOR JITTER

As we have seen till now a multi-channel receivas heen proposed to improve
the tolerance to jitter in the sampling clock. Weevé not taken into consideration the
effect of jitter in the Local Oscillator (LO) sighdn this section we will analyze the
effect of jitter in the LO’s through simulations carways to improve the receiver
performance in the presence of LO jitter.

There are two basic types of LO signals that candsal in the receiver system,
one is sinusoidal and other is square LO’s. Thecefof LO jitter will be analyzed in
both the cases and different techniques will befpoward to make the LO jitter less
dominant. The main issue with the LO jitter beingminant is that we lose the
advantage we get by going multi-channel. Going rullannel and then processing a
band of the entire signal in each path at basefamd the improvement in the tolerance
to jitter and has increased the resolution achidyethe receiver. In the multi-channel
receiver proposed in the previous sections, lows ddkering is followed by mixing
operation which down converts different bands ghal to baseband. Then signal in
each path goes through an ADC operating at a tnacif the total sampling rate. The
improvement in the performance of the receiver ddpeon two factors, the amount of
filtering applied to the out of band signal and toemof paths used. We have seen that
there was a clear relation between the order andvaidth of the filter used in each path
and the resolution achieved. The performance imgr@nt that we achieved either by
increasing filter order or reducing bandwidth wa® do the reduction in the amount of

high frequency content passing through the AD@ateind of the receiver chain reduced
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the effect of jittery sampling clocks. This perfante improvement would not be
possible if some other noise source in the recaoeeninates the effect due to sampling
clock jitter.

The other possible noise source is the jitter aasphnoise of the LO signals.
When sinusoidal LO’s are used we observed thajittee in the LO does have an effect
on the output resolution but effect of the jittesgmpling clocks dominates it and
therefore the performance improvement achieveddigggmultipath or in other words
by reducing the amount of high frequency signabtigh the ADC is still intact.

Fig. 33shows a comparative plot showing the effect ogjjitin the sampling
clock and sinusoidal LO separately. This was sitedldor a 10 Channel case and the

standard deviation of the jitter added is variedrfrlps to 6ps.
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Fig. 33. Comparison of the Effect of Sinusoidal li@er and Sampling Clock Jitter.
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We can clearly see from Fig. 33 that when sinuddi@s are used the jitter in
the sampling clocks dominates by a large amounttlisdvould form the major source
of error. Since the sampling clock jitter is thejonaource of error going multi-channel
and attenuating the high frequency signal by usdiigh order filters improves the
system’s tolerance to jitter. As pointed out eartlee tolerance to jitter increases with
the increase in number of paths.

As we know the mixers are easier to implement éuase or switching LO. We
now try to implement jitter in a square LO. Jitisradded to a square LO by added
random gaussian distributed uncertainty in the iBaggmt edges of the signal or the
rising and falling edges. Also practical cases wdwve a finite rise time for the square
LO’s and this is implemented by filtering the squ&aO by a butterworth filter of certain
Bandwidth.

Fig. 34 shows the jittered LO’s used in the receiude figure shows a square
wave in red and a jittered square wave with finige time of 10 pico seconds in blue. In
order to generate the jittered square wave we diesierate a pure square and then find
the zero crossings, once we have the zero crossiggsadd Gaussian amplitude
distributed random noise of zero mean and the atandleviation we want the
simulation to be done. This would generate thergil LO but in order to implement
finite rise time we need to filter the jittered Ladd the best way to control the rise time
without having to guess the bandwidth of the filteto use a single pole Butterworth
filter and by using the relation between rise tiava bandwidth given below we can

generate different LO signal with different risends.



83

t, = 0.35/BW

wheret, is the rise time anBW is the bandwidth of the Butterworth filter used.
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Fig. 34. Blue Shows the Ideal Square LO and Redittered LO with Finite Rise-time.

Now using the jittery square LO’s the receiverimated and we observed that
the jitter in the square LO’s dominates the resotutachievable at the output. In this
case the tolerance we were able to get to samplouk jitter would still be intact but it

would be dominated by the error caused by the L€rji
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Fig. 35. Comparison of the Effect of Jitter in SgubO’s and Jitter in Sampling Clocks.

Fig. 35 shows the comparative plot between thecefié jitter in the sampling
clocks and LO’s for a 10 Channel case wiffl @rder filters used in each path. We
observe that for a 10 Channel case the LO jittenidates the sampling clock by 15 dB.
In this case going multi-channel for tolerance &npling clock jitter would not be
beneficial since the performance of the receiveloiminated by the jitter in the LO.

To prove this we compare the two receivers witlhh&nnels and 10 channels and
with 2" order butterworth filters in each path. With therease in the number of
channels we would be expecting an increase in titpud resolution but since the
performance of the receiver is dominated by therjiin the LO’s there is no difference

in the output resolution of the two receivers.
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Fig. 36. Output Resolution vs Jitter with Squared.for 5 and 10 Channel Receivers.

As Fig. 36 shows, the advantage of going multi-clehms negated by the huge
impact the jitter in the LO has on the output ratoh. In order to obtain better receivers
which are tolerant to jitter we need to soften #ffect of the square LO jitter on the
output. For doing this a different implementatidntle LO is required and care should
be taken that the LO envisioned is still practigcathplementable. As we have seen
performance of the receiver was mainly dictateddypling clock jitter when the LO is
sinusoidal, we can try to generate LO’s which aggher square nor sinusoidal and are
in between the two. For this we decided to implenaed bit LO which has 8 level in all.

Such LO’s have been implemented previously usinliipie phases.
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Fig. 37. 3 bit LO with 15ps Jitter and 10 ps Riiseet

The LO jitter dominated when we used square LO&is was mainly due to
huge harmonic content of the square LO’s and alhhrmonics were responsible for
noisy down conversion of the signal and therebyoghicing lot of error in the system.
In order to reduce this noisy aliasing due to hame®of the LO we have to implement
LO’s with less harmonic content. Fig. 37 shows eneh 3 bit LO generated with each
of the multiple edges having a rise time of 10psthie practical implementation of such
an LO , a number of switches would be operatingrtmuce the required 3 bit LO and
each of the switches would be adding some uncéytamtiming and therefore we
attempt to model such uncertainty by added randommg jitter at each of the edges of

such a signal. Such an LO would ideally have lebsemonics when compared to the
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square LO’s and therefore leads to lesser noigsialy and increases the receiver’s
tolerance to jitter in LO.

Once we added the jitter and appropriate rise tifoesach of the edges we can
now use the LO’s in the receiver. Using the 3 l6iX4 increased the output resolution of
the receiver in the presence of LO jitter and mideeffect of LO jitter and sampling
clock jitter similar. Since the tolerance to LQgit has been increased, going multi path
would increase the resolution of the output and itfeeeasing tolerance to sampling
clock jitter with the increase in number of patiesdmes clearly evident.

Fig. 38 shows the output resolution for a 5 chameetiver for the case of 3 bit
LO’s. We see that the performance of the receivgitter in LO and sampling clock are

within 2 dB .
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Fig. 38. Output Resolution as a Function of JittdrO and Sampling Clocks.
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7. CONCLUSION

In this thesis, a complete system calibration s@&hés been presented for the
multi-channel Frequency-domain receiver basediocfilter banks. This comprises of a
Maximum-likelihood (ML) estimation of the frequenofyfset in the carriers followed by
a normalized LMS calibration of all the static gaimd phase mismatches in the receiver.
It is shown that the reset in integration windowsagly simplifies the computation of
the least squares (LS) estimate for the detectibnsyonbols. Its complexity is
comparable to that of the conventional FFT unlikeltrchannel receivers with
continuous filters where the computational compileri the DSP block is several times
higher than the multi-channgincfilter bank.

Then a variation of the receiver structure is pnés@ to exploits the relaxation of
the clock-jitter specifications offered by multiasimel filter-banks.The new tools
developed allow the optimal design of basebandirobfinnel receivers with robustness
to one of the most fundamental limitations in widetd communication receivers: clock-
jitter. The design example of a multi-channel reeeican process a 5 GHz baseband
signal with 40 dB of signal-to-noise-ratio (SNR)tvsampling clocks that can tolerate
up to 5 ps of clock-jitter standard deviation, dimap several transformative data
communication applications. Existing architectubased on time-interleaving require
0.5 ps of clock-jitter standard deviation for thageecifications, which has become a
roadblock for future wideband communication receveAdditionally, the receiver
digital signal processing provides very low comtiexnulti-channel digital background

calibration techniques that compensate criticaluifrimpairments.
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The filters used in each of the paths of the remeare bandwidth optimized to
give the best performance. It was observed redutiadandwidth of the filters in each
path added a gain and phase error to the signahweould be corrected through digital
calibration, but increased the attenuation on igh frequency content of the incoming
signal thereby improving the receiver’s toleranzgtter. The limit on the improvement
that can be achieved through bandwidth reductioplased by the noise amplification
provided by the reconstruction problem which offséhe improvement in jitter
tolerance.

The performance of the receiver with different tymé Local Oscillator signals
has also been verified. Use of square local osaidamade the jitter in the LO dominant
when compared to the jitter in the sampling cloThkis negates the improvement that
can be achieved by having multiple channels, tlegefh 3 bit LO is presented as a
potential candidate which would have lesser hargwrand therefore lesser noisy

aliasing and would therefore make the jitter in shenpling clocks and LO equivalent.
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