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(57) ABSTRACT

A novel hybrid stochastic gradient adaptation apparatus and
method for calibrating the gain of an RF or non-RF digitally
controlled oscillator (DCO). The adaptation algorithm deter-
mines a true stochastic gradient between a forcing function
and its corresponding system measure to estimate the system
parameters being adapted. A momentum term is generated
and injected into the adaptation algorithm in order to stabi-
lize the algorithm by adding inertia against any large tran-
sient variations in the input data. In the case of adaptation of
DCO gain K, the algorithm determines the stochastic
gradient between time varying calibration or actual modu-
lation data and the raw phase error accumulated in an all
digital phase locked loop (ADPLL). Two filters preprocess
the observable data to limit the bandwidth of the computed
stochastic gradient providing a trade-off between sensitivity
and settling time.
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HYBRID STOCHASTIC GRADIENT BASED
DIGITALLY CONTROLLED OSCILLATOR
GAIN K, ESTIMATION

FIELD OF THE INVENTION

The present invention relates to the field of data commu-
nications and more particularly relates to an apparatus for
and the method of a hybrid stochastic gradient based gain
calibration technique for a radio frequency (RF) digitally
controlled oscillator (DCO) in an all digital phase locked
loop (ADPLL).

BACKGROUND OF THE INVENTION

Oscillators are a key component in the design of radio
frequency (RF) communication systems. The estimation and
calibration of the modulation gain of an RF oscillator is
currently an area of active research. Accurate knowledge of
this gain significantly reduces the complexity and increases
the performance of the transmit frequency modulation path.
It is particularly beneficial in systems implemented in deep
submicron CMOS and based on orthogonal frequency/phase
and amplitude (i.e. polar) topology. Estimation of RF oscil-
lator frequency-modulation gain is especially important in
low-cost high-volume transceivers. In such systems, the
phase locked loop sets the loop bandwidth while the trans-
mitter sets the transfer function of the direct frequency
modulation path wherein the acceptable gain estimation
error ranges from less than 1% for CDMA to several
percents for GSM and Bluetooth, for example.

The value of the frequency gain (K,.,) of an RF oscil-
lator, such as a digitally controlled oscillator (DCO), at any
point in time is a function of frequency as well as the current
state of process, voltage and temperature (PVT). For a two
point direct modulation scheme such as used in DRP based
radios, the modulation accuracy depends on accurate esti-
mation and calibration of the DCO gain.

Most modulation schemes based on a polar topology or
direct frequency modulation in use today demand fairly
strict accuracy on the DCO gain estimate. For example, for
modern modulation schemes such as EDGE, WCDMA,
WLAN and WiMax, the performance requirements of the
transmitter demand better than 1% accuracy on the estima-
tion of the DCO gain at all times. This is to enable these
modulation schemes to achieve a better than 0.1 ppm
frequency error specification.

A well-known method for achieving indirect frequency/
phase modulation is the use of sigma-delta modulation of the
feedback division ratio in a fractional-N PLL frequency
synthesizer, described in T. Riley et al, “A simplified
continuous time modulation technique,” IEEE Trans. on
Circuits and Systems 11, Vol. 41, no. 5, pp. 321-328, May
1994.

To compensate high-frequency attenuation in a PLL with
limited bandwidth, a prior art technique to boost high-
frequency components in the digital modulating signal is
described in M. H. Perrott et al., “A 27-mW CMOS frac-
tional-N synthesizer using digital compensation for 2.5 Mb/s
GFSK modulation,” IEEE J. Solid-State Circuits, vol. 32,
no. 12, pp. 2048-2060, December 1997. Unfortunately, the
PLL frequency response is subject to process, voltage and
temperature (PVT) variations of the charge pump, loop filter
and voltage controlled oscillator (VCO).

To match the precompensation filter to the inverse fre-
quency response of the PLL, a prior art automatic online
calibration technique is described in D. R. McMahill et al.,
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2

“A 2.5 Mb/s GFSK 5.0 Mb/s 4-FSK automatically calibrated
Z-A frequency synthesizer,” IEEE J. Solid-State Circuits,
vol. 37, no. 1, pp. 18-26, January 2002. This technique is
adapted to measure the phase error between the demodulated
RF output and the reference input and adjust the PLL loop
gain via the charge pump current. A major disadvantage of
this technique is that it is analog in nature and would require
costly additional analog circuitry to implement in an all
digital design. Another disadvantage of this technique, how-
ever, is the cost of additional circuitry amounting to approxi-
mately %5 of the PLL, including a reference error filter,
DPLL, vector test and RF phase quantizer. Further, this
technique suffers from a slow time constant of 200 ms.

Another prior art calibration technique that measures the
PLL loop magnitude response to a training tone whose
frequency is located slightly beyond the loop bandwidth is
described in S. T. Lee et al., “A quad-band GSM-GPRS
transmitter with digital auto-calibration,” IEEE J. Solid State
Circuits, vol. 39, no. 12, pp. 2200-2214, December 2004.
Several disadvantages of this scheme are that it uses dedi-
cated input tone signals and departs from conventional PLL
operation; has limited performance; and is not particularly
suited for modern non-packetized modulation schemes.

A two-point direct modulation scheme is described in M.
Bopp et al, “A DECT transceiver chip set using SiGe
technology,” Proc. of IEEE Solid-State Circuits Conf., pp.
68-69, 447, February 1999. This modulation scheme directly
controls the oscillator frequency while compensating for the
resulting loop reaction. A disadvantage of this approach,
however, is that it is mostly analog in nature and requires
precise calibration of the oscillator and other PLL analog
components.

A fully-digital approach is described in R. B. Staszewski
et al, “Just-in-time gain estimation of an RF digitally-
controlled oscillator for digital direct frequency modula-
tion,” IEEE Trans. on Circuits and Systems II, vol. 50, no.
11, pp. 887-892, November 2003. This fully digital tech-
nique only requires calibration of the oscillator. Disadvan-
tages of this technique, however, include its longer calibra-
tion time, dc-type algorithm, unsuitability for non-
packetized operation, inability to achieve desired accuracy
requirements and inability to handle DCO drift.

The prior art techniques discussed hereinabove suffer
from disadvantages such as they (1) require a dedicated time
for background calibration, which makes them suitable only
for packetized operations, such as GSM/EDGE, but not
WCDMA, (2) require dedicated and expensive analog hard-
ware, (3) are dc based and are thus sensitive to frequency
drift of the oscillator, (4) require factory calibration; (5) is
unsuitable for non-packetized data; or (6) cannot meet
performance requirements.

There is thus a need for a gain calibration technique that
consumes little additional hardware, is very accurate, can
continuously track changes in the gain with temperature
and/or supply voltage and can adapt using either a training
sequence or user/modulation data. Further it is desirable that
the gain calibration technique be suitable for use with
modern modulation schemes such as UMTS, EDGE, GSM,
WCDMA, Bluetooth, etc. In the case of non-constant enve-
lope signaling, the gain calibration technique should be
applicable to the frequency/phase portion of a polar modu-
lation transmitter.

SUMMARY OF THE INVENTION

The present invention is a novel hybrid stochastic gradient
algorithm which is a general adaptation algorithm that can
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be applied to meet various calibration requirements that may
exist in a variety of systems. The algorithm is particularly
well suited to accurately perform DCO gain K, estima-
tion and tracking in a digital radio processor (DRP) archi-
tecture during both initial calibration as well as modulation
modes of operation. The invention provides the capability to
perform precise estimation of K, thus meeting the modu-
lation performance requirements of transceivers implement-
ing modern modulation schemes such as GSM, EDGE,
WCDMA, WLAN, WiMax and 3G UMTS. The term hybrid
stems from the injection of a momentum term in the sto-
chastic gradient algorithm implemented with gradient direc-
tion control.

The algorithm can be applied generally or in the case of
apparatus for and a method of estimating, calibrating and
tracking in real-time the gain of a radio frequency (RF)
digitally controlled oscillator (DCO) in an all-digital phase
locked loop (ADPLL). The precise setting of the inverse
DCO gain in the ADPLL modulating path allows direct
wideband frequency modulation that is independent of the
ADPLL loop bandwidth.

The gain calibration technique is based on an iterative
hybrid stochastic gradient algorithm wherein the ADPLL
phase error is sampled and correlated with the modulating
data to generate a gradient. A momentum term is optionally
added to provide inertia against large transients in the input
data and provide tighter convergence. This process, repeated
over time, results in an improved estimate of the true DCO
gain that ensures optimum performance and allows continu-
ous operation in the presence of possible sources of vari-
ability, such as temporal temperature changes during opera-
tion.

The invention is applicable to any system in which it is
desirable to estimate, calibrate and track the gain of a
digitally controlled RF oscillator such as in mobile phones
and other wireless applications. The invention is intended
for use in a digital radio transmitter or transceiver but can be
used in other applications as well, such as a general com-
munication channel. The present invention provides a solu-
tion to the problems and disadvantages of prior art gain
calibration techniques.

Unlike static (i.e. DC based) K, adaptation algorithms
of the prior art, the gradient algorithm of the present
invention is robust against slow center frequency drifts in
the DCO due to LDO settling and variations in PVT. The
hybrid stochastic gradient based K, -, adaptation algorithm
of the present invention is modulation data based and is
capable of tracking variations in K, due to temperature
and other operational effects during modulation (i.e. PVT),
especially in full duplex continuous transmission standards
such as UMTS-FDD (WDCMA), etc.

The algorithm is operative to compute a true gradient and
uses all observable samples for its updates. This results in
faster and more robust convergence. For non-packetized
systems, the algorithm continuously tracks the operational
temperature profile while performing normal modulation.

The algorithm supports two modes of operation: an initial
calibration and a background calibration. In the initial cali-
bration mode, a predefined calibration sequence (e.g., square
wave) is applied as the modulation to quickly determine the
true DCO gain of the oscillator given the center frequency
and temperature. In the background calibration mode, the
algorithm tracks any changes in the DCO gain due to
temperature, voltage and other operational conditions using
the regular modulation data.

Several advantages of the DCO gain adaptation algorithm
of the present invention include (1) fast and efficient imple-
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mentation; (2) low cost and complexity; (3) unlike the prior
art, it does not rely on zero crossings of the phase error
(which is modulation dependent); (4) exhibits robust per-
formance for most modern modulation schemes; and (5)
suitable for initial and continuous background calibration
using any modulation data (not just training data).

Note that the invention apparatus and the algorithm
described functionally herein is a general adaptation algo-
rithm which can be used for calibration and compensation of
other tunable parameters in a PLL such as the RF system
and/or any other systems as long as the observable excitation
and consequence parameters can be identified.

Note that many aspects of the invention described herein
may be constructed as software objects that are executed in
embedded devices as firmware, software objects that are
executed as part of a software application on either an
embedded or non-embedded computer system running a
real-time operating system such as WinCE, Symbian, OSE,
Embedded LINUX, etc. or non-real time operating system
such as Windows, UNIX, LINUX, etc., or as soft core
realized HDL circuits embodied in an Application Specific
Integrated Circuit (ASIC) or Field Programmable Gate
Array (FPGA), or as functionally equivalent discrete hard-
ware components.

There is thus provided in accordance with the invention,
a hybrid stochastic gradient adaptation method, the method
comprising the steps of first filtering an excitation signal to
yield a filtered excitation signal therefrom, second filtering
a consequence signal to yield a filtered consequence signal
therefrom, calculating a stochastic gradient as a function of
the filtered excitation signal and the filtered consequence
signal, generating a momentum feedback signal from the
stochastic gradient values and adding the momentum feed-
back signal to the stochastic gradient output to yield a new
output parameter therefrom and adding the new output
parameter value to a current output parameter value to
generate an updated output parameter therefrom.

There is also provided in accordance with the invention,
a method of gain calibration of a digitally controlled oscil-
lator (DCO), the method comprising the steps of first filter-
ing an input data frequency command word (FCW) to yield
a filtered FCW therefrom, second filtering a phase error
signal to yield a filtered phase error signal therefrom,
calculating a stochastic gradient as a function of the filtered
FCW and the filtered phase error signal and adding the
stochastic gradient output to a current value of DCO gain
multiplier to generate an updated DCO gain multiplier
therefrom.

There is further provided in accordance with the inven-
tion, an apparatus for gain calibration of a digitally con-
trolled oscillator (DCO) comprising a first filter for filtering
an input data frequency command word (FCW) to yield a
filtered FCW therefrom, a second filter for filtering a phase
error signal to yield a filtered phase error signal therefrom,
gradient means for calculating a stochastic gradient as a
function of the filtered FCW and the filtered phase error
signal, a momentum filter operative to generate a momen-
tum feedback signal in response to the stochastic gradient
values and to add the momentum feedback signal to the
stochastic gradient output to yield a modified stochastic
gradient therefrom and an accumulator operative to add the
modified stochastic gradient to a current value of a DCO
gain multiplier value to yield an updated DCO gain multi-
plier therefrom.

There is also provided in accordance with the invention,
an apparatus for generating a digitally controlled oscillator
(DCO) gain multiplier comprising means for filtering an
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input data frequency command word (FCW) to yield a
filtered FCW therefrom, means for filtering a phase error
signal to yield a filtered phase error signal therefrom, means
for calculating a stochastic gradient as a function of the
filtered FCW and the filtered phase error signal, means for
generating a momentum feedback signal in response to the
stochastic gradient values and adding the momentum feed-
back signal to the stochastic gradient output to yield a
modified stochastic gradient therefrom and means for adding
the modified stochastic gradient to a current value of a DCO
gain multiplier value to yield an updated DCO gain multi-
plier therefrom.

There is further provided in accordance with the inven-
tion, a transmitter comprising a frequency synthesizer for
performing a frequency modulation; the frequency synthe-
sizer comprising a digitally controlled oscillator (DCO), a
gain calibration circuit of the digitally controlled oscillator,
the gain calibration circuit comprising means for filtering an
input data frequency command word (FCW) to yield a
filtered FCW therefrom, means for filtering a phase error
signal to yield a filtered phase error signal therefrom, means
for calculating a stochastic gradient as a function of the
filtered FCW and the filtered phase error signal, means for
generating a momentum feedback signal in response to the
stochastic gradient values and adding the momentum feed-
back signal to the stochastic gradient output to yield a
modified stochastic gradient therefrom and means for adding
the modified stochastic gradient to a current value of a DCO
gain multiplier value to yield an updated DCO gain multi-
plier therefrom.

BRIEF DESCRIPTION OF THE DRAWINGS

The invention is herein described, by way of example
only, with reference to the accompanying drawings,
wherein:

FIG. 1 is a simplified block diagram illustrating an all
digital phase locked loop (ADPLL) based polar transmitter
constructed in accordance with the present invention;

FIG. 2 is a simplified block diagram illustrating a z-do-
main model of the ADPLL with wideband frequency modu-
lation and incorporating the hybrid stochastic gradient adap-
tation scheme of the present invention;

FIG. 3 is a diagram illustrating the complex plane location
of'the H(z) zero and pole movement with different values of
DCO gain estimate accuracy r;

FIG. 4A is a graph of frequency deviation;

FIG. 4B is a graph of the non-filtered and filtered phase
error in the presence of +10% K-, error;

FIG. 5A is a graph of frequency deviation versus number
of symbols;

FIG. 5B is a graph of the non-filtered and filtered phase
error in the presence of +1% K., error;

FIG. 6 is a block diagram illustrating a generalized
embodiment of the hybrid stochastic gradient gain adapta-
tion mechanism of the present invention;

FIG. 7 is a flowchart illustrating the RF digitally con-
trolled oscillator (DCO) hybrid stochastic gradient based
gain calibration method of the present invention;

FIG. 8 is a block diagram illustrating a first example
embodiment of the RF DCO hybrid stochastic gradient gain
adaptation mechanism of the present invention;

FIG. 9 is a block diagram illustrating a second example
embodiment of the RF DCO hybrid stochastic gradient gain
adaptation mechanism of the present invention; {Drawing
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has many mistakes: FCW_DTX appears twice; let us avoid
using dotted lines (instead of solid) for the momentum
generator signals.}

FIGS. 10A, 10B, 10C and 10D are graphs illustrating the
frequency deviation, phase error, edge gradient and K,
adaptation convergence for a square wave;

FIGS. 11A, 11B, 11C and 11D are graphs illustrating the
frequency deviation, phase error, edge gradient and K,
adaptation convergence for a Bluetooth signal;

FIGS. 12A, 12B, 12C and 12D are graphs illustrating the
frequency deviation, phase error, edge gradient and K,
adaptation convergence for a GSM signal;

FIGS. 13A, 13B, 13C and 13D are graphs illustrating the
frequency deviation, phase error, edge gradient and K,
adaptation convergence for a WCDMA signal; and

FIGS. 14A, 14B, 14C, 14D, 14E and 14F are graphs
illustrating the effect of the optional momentum term in
generating the updated DCO gain K,., when used for
example with Enhanced Data Rate (EDR) Bluetooth modu-
lation.

DETAILED DESCRIPTION OF THE
INVENTION

Notation Used Throughout

The following notation is used throughout this document.

Term Definition

ADPLL All Digital Phase Locked Loop

ASIC Application Specific Integrated Circuit

CDMA Code Division Multiple Access

CKR Retimed Reference Clock

CKV Variable Oscillator Clock

CMOS Complementary Metal Oxide Semiconductor
DCO Digitally Controlled Oscillator

DECT Digital Enhanced Cordless Telecommunications
DPLL Digital Phase Locked Loop

DRP Digital RF Processor or Digital Radio Processor
EDGE Enhanced Data rates for GSM Evolution

EDR Enhanced Data Rate

FCW Frequency Command Word

FDD Frequency Division Duplex

FPGA Field Programmable Gate Array

FREF Frequency Reference

FSK Frequency Shift keying

GFSK Gaussian Frequency Shift Keying

GPRS General Packet Radio Service

GSM Global System for Mobile communications
HB High Band

HDL Hardware Description Language

IEEE Institute of Electrical and Electronic Engineers
IIR Infinite Impulse Response

LB Low Band

LDO Low Drop-Out regulator

MOSCAP Metal Oxide Semiconductor Capacitor

PHE Phase Error

PLL Phase Locked Loop

PVT Process, Voltage, Temperature

RF Radio Frequency

TDC Time to Digital Converter

UMTS Universal Mobile Telecommunications System
vCo Voltage Controlled Oscillator

WCDMA Wideband Code Division Multiple Access
WIMAX Worldwide Interoperability for Microwave Access
WLAN Wireless Local Area Network
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DETAILED DESCRIPTION OF THE
INVENTION

The present invention is a hybrid stochastic gradient
adaptation apparatus and a method for calibrating the gain of
an RF or non-RF digitally controlled oscillator (DCO). The
term hybrid stems from the injection of a momentum term
in the stochastic gradient algorithm implemented with gra-
dient direction control. The invention is applicable to any
system in which it is desirable to estimate, calibrate and
track the gain of an RF digitally controlled oscillator such as
in mobile phones and other wireless applications. The inven-
tion is intended for use in a digital radio transmitter or
transceiver but can be used in other applications as well,
such as a general communication channel. The present
invention provides a solution to the problems and disadvan-
tages of prior art oscillator gain calibration techniques.

To aid in understanding the principles of the present
invention, a description is provided in the context of a digital
RF processor (DRP) transmitter and receiver that may be
adapted to comply with a particular wireless communica-
tions standard such as GSM, Bluetooth, WCDMA, etc. It is
appreciated, however, that the invention is not limited to use
with any particular communication standard and may be
used in optical, wired and wireless applications. Further, the
invention is not limited to use with a specific modulation
scheme but is applicable to any modulation scheme includ-
ing both digital and analog modulation. The invention is
applicable to any system in which it is desirable to estimate,
calibrate and track the modulation gain of a digitally con-
trolled oscillator.

Note that throughout this document, the term communi-
cations device is defined as any apparatus or mechanism
adapted to transmit, or transmit and receive data through a
medium. The communications device may be adapted to
communicate over any suitable medium such as RF, wire-
less, infrared, optical, wired, microwave, etc. In the case of
wireless communications, the communications device may
comprise an RF transmitter, RF receiver, RF transceiver or
any combination thereof. The notation DRP is intended to
denote either a Digital RF Processor or Digital Radio
Processor. References to a Digital RF Processor infer a
reference to a Digital Radio Processor and vice versa.

A block diagram illustrating an all digital phase locked
loop (ADPLL) based polar transmitter constructed in accor-
dance with the present invention is shown in FIG. 1. For
illustration purposes only, the transmitter, as shown, is
adapted for the GSM/EDGE cellular standard. It is appre-
ciated, however, that one skilled in the communication arts
can adapt the transmitter illustrated herein to other modu-
lations and communication standards as well without depart-
ing from the spirit and scope of the present invention. For
example, the transmitter illustrated in FIG. 1 can be
extended for performing an arbitrary quadrature modulation
scheme.

A description of the ADPLL, generally referenced 10,
including the frequency/phase modulation path is provided
hereinbelow. The core of the ADPLL is a digitally controlled
oscillator (DCO) 28 adapted to generate the RF oscillator
clock CKV. The oscillator core (not shown) operates at twice
the 1.6-2.0 GHz high frequency band or four times the
0.8-1.0 GHz low frequency band. The output of the DCO is
then divided for precise generation of RX quadrature sig-
nals, and for use as the transmitter’s carrier frequency. The
single DCO is shared between transmitter and receiver and
is used for both the high frequency bands (HB) and the low
frequency bands (LLB). An additional 4-bits of the tracking
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bank are dedicated for XA dithering in order to improve
frequency resolution, as described in more detail infra. The
DCO varactors may be realized as n-poly/n-well MOS
capacitor (MOSCAP) devices that operate in the flat regions
of their C-V curves. The finest step size (i.e. DCO gain) is
about 12 kHz/L.SB in 90 nm CMOS process which is subject
to changes in PVT. The output of the DCO is input to the RF
high band power amplifier 34. It is also input to the RF low
band power amplifier 32 after divide by 2 in divider 30.

The expected variable frequency f, is related to the
reference frequency f; by the frequency command word
(FCW).

_ Ik )

FCWIK] 7
R

The FCW is time variant and is allowed to change with every
cycle T=1/f; of the frequency reference clock. With W =24
the word length of the fractional part of FCW, the ADPLL
provides fine frequency control with 1.5 Hz accuracy,
according to:

Ir 2

N

The number of integer bits W,=8 was chosen to fully cover
the GSM band frequency range of f,=1,600-2,000 MHz
with an arbitrary reference frequency f,=8 MHz.

The ADPLL operates in a digitally-synchronous fixed-
point phase domain as follows: The variable phase accumu-
lator 36 determines the variable phase R, {i] by counting the
number of rising clock transitions of the DCO oscillator
clock CKV as expressed below.

i ©)

The index i indicates the DCO edge activity. The variable
phase R,Ji] is sampled via sampler 38 to yield sampled
FREF variable phase R,[k], where k is the index of the
FREF edge activity. The sampled FREF variable phase
R,[k] is fixed-point concatenated with the normalized time-
to-digital converter (TDC) 42 output €[k]. The TDC mea-
sures and quantizes the time differences between the fre-
quency reference FREF and the DCO clock edges. The
sampled differentiated (via block 40) variable phase is
subtracted from the frequency command word (FCW) by the
digital frequency detector 18. The frequency error f [k]

samples
SelFIFFCW-[(Rpfkj—€[k])-(Rpfk=1]-€[k=1])] *

are accumulated via the frequency error accumulator 20 to
create the phase error ¢.[k] samples

& ®)
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which are then filtered by a fourth order IIR filter 22 and
scaled by a proportional loop attenuator a.. A parallel feed
with coefficient p adds an integrated term to create type-II
loop characteristics which suppresses the DCO flicker noise.

The IIR filter is a cascade of four single stage filters, each
satisfying the following equation:

YFIEQ-Nypll=1]+Nx[k] (6
wherein

x[k] is the current input;

y[k] is the current output;

k is the time index;

A is the configurable coefficient;

The 4-pole IIR filter attenuates the reference and TDC
quantization noise with an 80 dB/dec slope, primarily to
meet the GSM spectral mask requirements at 400 kHz offset.
The filtered and scaled phase error samples are then multi-
plied by the DCO gain K ., normalization factor fx/K 50
via multiplier 26, where f is the reference frequency and
KDCO is the DCO gain estimate, to make the loop character-
istics and modulation independent from K, .. The modu-
lating data is injected into two points of the ADPLL for
direct frequency modulation, via adders 16 and 24. A hitless
gear-shifting mechanism for the dynamic loop bandwidth
control serves to reduce the settling time. It changes the loop
attenuator o several times during the frequency locking
while adding the (o,/a,—1)¢, dec offset to the phase error,
where indices 1 and 2 denote before and after the event,
respectively. Note that o,=a,, since the phase is to be
continuous.

The FREF input is resampled by the RF oscillator clock
CKYV via retimer block 46 which may comprise a flip flop or
register clocked by the reference frequency FREF. The
resulting retimed clock (CKR) is distributed and used
throughout the system. This ensures that the massive digital
logic is clocked after the quiet interval of the phase error
detection by the TDC.

In the example embodiment described herein, the ADPLL
is a discrete-time sampled system implemented with all
digital components connected with all digital signals. Con-
sequently, the z-domain representation is a natural fit and is
also accurate with no necessity for approximations that
would result, for example, in an impulse response transfor-
mation due to the use of analog loop filter components.

A block diagram illustrating a z-domain model of the
ADPLL wideband frequency modulation path incorporating
the hybrid stochastic gradient gain calibration adaptation
mechanism of the present invention is shown in FIG. 2. The
model, generally referenced 50, comprises a phase detector
portion 52, loop filter portion 54 and normalized DCO
portion 56 incorporating K, -, gain adaptation block 58. In
operation, the gain adaptation algorithm takes the modula-
tion data input (i.e. FCW) and the raw unfiltered phase error
as inputs and generates the DCO gain multiplier £/K -,
which is used to scale the tuning word before input to the
DCO. K, being an estimate of the DCO gain.

The fixed-point modulating data Af,/f; (y[k|=Af, /fz in
FIG. 1) directly affects the oscillating frequency f,- through
the feedforward path. The phase locked loop will try to
correct this perceived frequency perturbation integrated over
the update period of 1/f;. This corrective action is compen-
sated by the other compensating feed. The loop response is
wideband and the data directly modulates the DCO fre-
quency in a feed-forward manner such that it effectively
removes the loop dynamics from the modulating transmit
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path. The rest of the loop, however, including all error
sources, operates under the normal closed loop regime.

The z-domain transfer function from both feeds of the
modulating data to the frequency deviation Af}, at the output
of the PLL is

D
rfr

1 L(z)

+r-z_—1

H(z):[1+ZL(_—Z”

where
L(z) is the loop filter transfer function;

=Kpco/ IA<Dco
H(z) could be simplified to

L -l-L) ®
H@ = r

The PLL loop has a pole at [ 1-r-[.(z)] and a zero at [ 1-L(z)].
The dc gain is always unity, when normalized to f, which
could be readily seen by inspection: H(z)|,_,=f;. The high
frequency gain is H(z)l,__,~rf, since L(z)<<1.

An approximate rule for =K ;,/K po~1 can be stated as
follows. Frequency components of the modulating data
within the loop bandwidth are accurately represented at the
RF output, whereas the frequency components higher than
the loop bandwidth are slightly magnified if r>1 or attenu-
ated if r<1. If the DCO gain is estimated accurately then the
modulation bandwidth is all-pass from dc to half of the
reference frequency f, with 26 MHz being the most com-
monly used f;. In this fashion, the loop dynamics are
removed from the modulation path, while the noise and error
sources undergo normal closed loop attenuation. It could be
shown that to meet, for example, GSM specifications, with
a loop bandwidth of 40 kHz and damping factor of C=1//2,
the estimated DCO gain error should satisfy: Ir—11=7%,
which can be achieved with the present invention.

A diagram illustrating the complex plane location of the
H(z) zero and pole movement with different values of DCO
gain estimate accuracy r is shown in FIG. 3. The zero
location is approximately the same (exactly the same for
a=L(z) and p=0) as the PLL phase transfer function loop
bandwidth fj;, of the reference noise or of the modulating
data without the feedforward y[k] entry. As shown in FIG.
3, the feedforward y[k] path could be viewed as placing a
compensating zero in the vicinity of the pole. Note that the
pole and zero coincide only when the DCO gain estimate is
correct, and the direct frequency modulation of the PLL loop
exhibits truly wideband all-pass transfer characteristics.

A DCO frequency change due to the Af,, modulating
command step will instantly create r-Af,, at the frequency
detector variable input. Since the reference input of the
frequency detector is Af,, the output of the frequency
detector is (1-r)Af,,. This value gets accumulated and, after
filtering and scaling by «, is input as the tuning word to the
DCO oscillator. This negative feedback process iterates until
the DCO frequency deviation Af; settles to the desired
frequency deviation Af,,. The settled value of the loop filter
contribution to the normalized tuning word (NTW) is:
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r=1 Afy,

Tz

()]
ANTW(settle) =

The settled value of the phase error in type-I configuration
(p=0) is

- (10)
Apg(settle) = — - —_——

A graph of frequency deviation Af, versus number of
symbols is shown in FIG. 4A. It should be noted that, in
general, the modulating data y[k] need not be rectangular
and can exhibit more gradual transitions such as when
output from a pulse-shaping filter. The rectangular shape is
preferred here for illustration purposes. A graph of the
non-filtered phase error ¢ and filtered phase error ¢ in the
presence of +10% K., error is shown in FIG. 4B. When
the integral term p is nonzero, the additional pole at dc
slowly forces the phase error ¢ to zero as shown in FIG. 4B
in the region of the first 18 symbols. In this simulation, all
phase noise sources are incorporated. These comprise the
DCO, FREF and the TDC quantization noise sources. The
peak deviation for the low band is Af,,=2x67.7 kHz. In the
region beyond the first 18 symbols, the modulating data
transition interval is shortened to two symbols. The ADPLL
loop bandwidth will not allow the phase error to fully settle
for the data frequency of 270.833 kHz/4=67.7 kHz, so the
peaks are now smaller than before.

A clearly defined trajectory of the filtered phase error ¢,
is visible even for the very small K, error of +1%, as
shown in FIGS. 5A and 5B.

The present invention provides a gain adaptation algo-
rithm that is operative to estimate the DCO gain K, using
a robust true gradient type mechanism. In accordance with
the algorithm, the true stochastic gradient between the
modulation data applied to the ADPLL and the phase error
accumulated in the loop is calculated. The robustness of the
gain calibration algorithm is further improved by the addi-
tion of a neural network derived momentum term which
allows the algorithm to settle to a steady state solution with
greater stability. In addition, infinite impulse response (IIR)
filters in the modulation data and phase error paths allow for
a trade-off between the accuracy and the sensitivity or
stability of the algorithm independent of the operation of the
ADPLL loop.

Ablock diagram illustrating a generalized embodiment of
the hybrid stochastic gradient gain adaptation mechanism of
the present invention is shown in FIG. 6. The hybrid
stochastic gradient adaptation circuit, generally referenced
60, is a generalized adaptation circuit that is applicable to
systems where an excitation generates a consequence, both
of which can be sampled and applied to the adaptation
circuit. The circuit 60, comprises smoothing filters 62, 64,
stochastic gradient calculation 66, negator 68, buffer 70,
adder 72 and momentum filter 74.

In operation, the filters (e.g., IIR type filters) function to
smooth the excitation and consequence input signals. The
stochastic gradient (represented as V) is calculated between
the smoothed excitation signal and the smoothed conse-
quence signal. The signal V_DIR controls the direction of
the gradient: ‘0” for positive (i.e. true stochastic gradient)
and ‘1’ for negative (i.e. contra stochastic gradient). The

20

25

30

35

40

45

50

55

60

65

12

direction control is applied by passing the stochastic gradi-
ent through either two’s (2’s) complement generator 68 or
buffer 70. The gradient direction is determined based on the
parameters of the algorithm and the phase relationship
between the filtered data FCW and phase error. The contra
stochastic gradient (i.e. inverse of the gradient) is used (1)
when the excitation is oscillatory in nature and has numer-
ous zero crossings, e.g., sine or square wave; (2) there is a
significant delay between the excitation and the conse-
quence, and (3) at all instances where the consequence lags
the excitation by more than half a period.

A momentum term generated by a parameter feedback
momentum filter 74 is added via adder 72 to the stochastic
gradient result and the sum is accumulated to yield the
output tunable parameter. The momentum filter is derived
from neural network theory and functions to stabilize the
algorithm by adding inertia to the state of the algorithm. This
results in tighter convergence as well as invulnerability
against any large transient variations that may exist in the
input data.

The smoothing filters applied to the excitation and con-
sequence input signals serve several purposes. First, the
filters function to reduce measurement noise and the effects
of outlier excitation and consequence values. Second, the
filters provide a delay alignment between the excitation and
consequence signals due to the fact that the consequence
signal is delayed as a result of the causal propagation delay
of the system.

Third, if the observation delay between the consequence
signal with respect to the excitation signal can be compen-
sated by the relative group delay of the smoothing filers,
then the gradient calculated as the product of the filtered
excitation and consequence signals is positive. Note that this
is also true if the excitation is periodic in nature and the
consequence is aligned to +nT wherein n=0, 1, 2, . . ., T is
the time period of excitation.

Fourth, if the consequence signal is collected from a
system with a large temporal delay such that the relative
group delay of the smoothing filters is inadequate to align
the filtered excitation and consequence signals, but the two
signals can be aligned with a 180 degree phase shift (or in
general with +(2n+1)*T/2 wherein n=0, 1, . . . ), then the
gradient will be negative and must be corrected by a
negative sign (i.e. V_DIR=1). Note that this typically occurs
when the propagation delay between the excitation and
consequence is greater than the time period of the excitation
waveform.

A flowchart illustrating the RF digitally controlled oscil-
lator (DCO) gain calibration method of the present invention
in more detail is shown in FIG. 7. The following algorithm
may be implemented in software, hardware or a combination
of both software and hardware depending on the particular
implementation. The algorithm is based on an iterative
stochastic gradient algorithm which is a well-known math-
ematical technique and is not described in detail herein.
First, a smoothing filter (e.g., IIR) is applied to the modu-
lation data (step 150) and the raw phase error signal (step
152). The stochastic gradient is computed between the
filtered modulation data and the filtered phase error (step
154). Gradient direction control is then applied to the result
(step 156). The inverse (i.e. contra stochastic gradient) or the
non-inverse is selected based on the parameters of the
algorithm and the phase relationship between the filtered
data FCW and phase error. Note that this step is not
necessary for K, calibration in an ADPLL as described in
more detail infra.
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A momentum term is then calculated based on a plurality
of previous values of the gradient (step 158). The momen-
tum term is added to the current gradient and the updated
gradient is accumulated over time to yield the updated
output K, value (step 160).

A block diagram illustrating a first example embodiment
of the RF DCO hybrid stochastic gradient gain adaptation
mechanism of the present invention is shown in FIG. 8. The
hybrid stochastic gradient K, adaptation circuit of the
ADPLL, generally referenced 80, comprises FCW smooth-
ing filter 82, phase error smoothing filter 84, stochastic
gradient calculator 86, gradient negator 88, buffer 90, adder
94 and momentum filter (K, " filter) 92.

In operation, the FCW filter functions to filter the modu-
lation data FCW to generate the FCW . signal. Similarly, the
PHE filter functions to filter the raw phase error signal to
generate the PHE, signal. The stochastic gradient (repre-
sented by VK., ") between the filtered FCW signal and
the corresponding filtered phase error signal is then calcu-
lated. The input p determines the step size used (i.e. the
learning rate) by the gradient calculator. The signal V_DIR
controls the direction of the gradient: ‘0’ for positive (i.e.
true stochastic gradient) and ‘1’ for negative (i.e. contra
stochastic gradient). The direction control is applied by
passing the stochastic gradient through either 2-s compli-
ment generator 88 or buffer 90.

The momentum term generated by the K,, .., filter 92 is
added via adder 94 to the stochastic gradient result and the
sum is accumulated to yield the updated K,,.,~* output. The
momentum filter functions to stabilize the operation of the
circuit by adding inertia to the state of the circuit against any
large transient variations that may exist in the input data thus
providing tighter convergence. For K., adaptation, the
circuit calculates the stochastic gradient between time-vary-
ing calibration or actual modulation data and the raw phase
error accumulated in the ADPLL. The two filters 82, 84, may
comprise first order IIR filters, function to preprocess the
observable data to limit the bandwidth of the computed
stochastic gradient permitting a trade-off between sensitivity
on the one hand and settling time on the other. The filters can
also be used to delay equalize the observable data before
gradient computation.

The updated gradient is added to the current value of the
DCO gain multiplier via an accumulator (within the filter).
The output of the accumulator comprises the estimate of the
DCO gain multiplier and is used to scale the tuning word
before it is input to the DCO. Note that the gain calibration
circuit has the advantage of being insensitive to the RF
oscillator frequency drift.

A block diagram illustrating a second example embodi-
ment of the RF DCO hybrid stochastic gradient gain adap-
tation mechanism of the present invention is shown in FIG.
9. The K, hybrid stochastic gradient adaptation circuit,
generally referenced 100, comprises filters 101, 103, sto-
chastic gradient calculator 122, shift register 124, adder 126,
momentum filter 105 and accumulator 107.

Filter 1 (e.g., FCW filter), comprising right shift 102, 110
(wherein A, determines the amount of right shift), adders
106, 108 and unit delay 112, is a first order IIR filter and
functions to smooth the FCW input data. Similarly, filter 2
(e.g., PHE filter), comprising right shift 104, 118 (wherein
A, determines the amount of right shift), adders 114, 116 and
unit delay 120, is a first order IIR filter and functions to
smooth the phase error input PHE.

The stochastic gradient calculator 122 functions to gen-
erate the stochastic gradient from the smoothed/filtered
FCW (FCW;) and smoothed/filtered PHE (PHE.). The
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gradient is input to a shift register to apply a learning rate
defined as 2”. The output of the shift register is added with
a momentum term generated by the momentum filter 105
which comprises right shift 128 (wherein o determines the
amount of right shift), adders 132, 140, 134 and unit delays
136, 138. The resulting sum is input to an accumulator 107
comprising adder 129 and delay 130 to yield the updated
K20~ value.
The gradient components are filtered as follows

FCW/n]=(1-2"M)-FCW zf/n-1]+2"M-FCW 51 11)

PHEg/n]=(1-272)-PHEx/n-1]+2»PHE 5 v (12)

The stochastic gradient function is calculated as

VKpco ' n]=FCW p/n]- PHEz/n] (13)

Defining the scaled learning rate to be 2', where 1) is given

by

n=log, (2 z) (14)
where f; is the reference frequency and p in the un-scaled
learning rate.

The momentum term is represented as AK,,., ' and its
simplest implementation is given by

AKpeo™ =Epeo ' -1]-Kpco™ -2+ Kpco™

[1=2]-Kpco ™ f1=3]) (15)

Note that the above term comprises of the sum of the K, 1

updates computed at time instances n—1 and n-2 respec-
tively.

The update law of the algorithm is therefore given by

Kpco™ [W]=Kpco™ ' 1=1142"VEpco™ 1] -2
aAKpco™ 1] (16)

It is noted that this embodiment of the adaptation circuit
does not include the direction of the previous embodiments.
In this embodiment, the positive gradient is always chosen
for the following reason. For K-, calibration and compen-
sation in the context of an ADPLL, the propagation delay
between the modulating excitation (i.e. direct point fre-
quency control word injection) and the consequence (i.e.
phase error accumulation) is relatively small (i.e. approxi-
mately less than one reference frequency cycle). This delay
can be easily compensated for by the differential group delay
of the first order IIR filters used as smoothing filters in the
adaptation algorithm. Thus, the calculated gradient is always
positive and V_DIR control is not required.

Simulation results of the K, gain adaptation algorithm
of the present invention for various modulation schemes are
presented below. Graphs illustrating the frequency devia-
tion, phase error, edge gradient and K, error convergence
for a square wave are shown in FIGS. 104, 10B, 10C and
10D. In particular, FIG. 10A shows the frequency deviation
of the signal, FIG. 10B shows the phase error, FIG. 10C
shows the edge gradient and FIG. 10D shows the DCO gain
K, o error convergence over a plurality of symbols for an
initial K-, error of +10%. The adaptation parameters used
in this simulation are as follows: A, =277, A,=27°, p=2"9,
a=0, £;=26e6, and K,-,=40e3. Note that the K, error
settles to within 1% error within approximately 3500 clock
cycles.

Graphs illustrating the frequency deviation, phase error,
edge gradient and K, error convergence for a Bluetooth
signal are shown in FIGS. 11A, 1B, 11C and 11D. In
particular, FIG. 11A shows the frequency deviation of the
signal, FIG. 11B shows the phase error, FIG. 11C shows the
edge gradient and FIG. 11D shows the DCO gain K, error
convergence over a plurality of symbols for an initial K,
error of +20%. The adaptation parameters used in this
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simulation are as follows: A,=27%, A,=277, u=2=° for 500
FREF clocks and p=2""! for tracking, a=0, f,=13e6, and
Kpco=15€e3. Note that the K, error settles to within 1%
error within approximately 1300 clock cycles.

Graphs illustrating the frequency deviation, phase error,
edge gradient and K, -, error convergence for a GSM signal
are shown in FIGS. 12A, 12B, 12C and 12D. In particular,
FIG. 12A shows the frequency deviation of the signal, FIG.
12B shows the phase error, FIG. 12C shows the edge
gradient and FIG. 12D shows the DCO gain K, error
convergence over a plurality of symbols for an initial K,
error of -10%. The adaptation parameters used in this
simulation are as follows: A,=277, A,=2"", u=27% for 500
FREF clocks and p=277 for tracking, a=0, f,=26e6, and
Kpco=15e3. Note that the K,., error settles within
approximately 300 clock cycles.

Graphs illustrating the frequency deviation, phase error,
edge gradient and K, error convergence for a WCDMA
signal are shown in FIGS. 13A, 13B, 13C and 13D. In
particular, FIG. 13A shows the frequency deviation of the
signal, FIG. 13B shows the phase error, FIG. 13C shows the
edge gradient and FIG. 13D shows the DCO gain K, error
convergence over a plurality of symbols for an initial K,
error of +20%. The adaptation parameters used in this
simulation are as follows: A, =27'%, A,=27'¢ u=2"* for 500
FREF clocks and p=2""° for tracking, a=0, {,=26e6, and
Kpco=100e3. Note that the K, error settles to 1% error
within approximately 5000 clock cycles.

As described supra, the invention is operative to incor-
porate a momentum in the adaptation algorithm which
functions to better stabilize the algorithm by adding inertia
to the variables thus protecting against large transient swings
in the input data. Graphs illustrating the effect of the optional
momentum term in generating the updated DCO gain K,
are shown for a Bluetooth signal in FIGS. 14A, 14B, 14C,
14D, 14E and 14F. FIGS. 14A, 14B and 14C show the
gradient, K., error and K, estimate results for a
Bluetooth signal without the momentum term. FIGS. 14D,
14E and 14F show the gradient, K., error and K "
estimate results for a Bluetooth signal with the momentum
term. As can be seen in FI1G. 14E, incorporating the momen-
tum term in the algorithm provides a significant decrease in
Kpeo error.

It is intended that the appended claims cover all such
features and advantages of the invention that fall within the
spirit and scope of the present invention. As numerous
modifications and changes will readily occur to those skilled
in the art, it is intended that the invention not be limited to
the limited number of embodiments described herein.
Accordingly, it will be appreciated that all suitable varia-
tions, modifications and equivalents may be resorted to,
falling within the spirit and scope of the present invention.

What is claimed is:
1. A hybrid stochastic gradient adaptation method, said
method comprising the steps of:

first filtering an excitation signal to yield a filtered exci-
tation signal therefrom;

second filtering a consequence signal to yield a filtered
consequence signal therefrom;

calculating a stochastic gradient as a function of said
filtered excitation signal and said filtered consequence
signal;

generating a momentum feedback signal from said sto-
chastic gradient values and adding said momentum
feedback signal to said stochastic gradient output to
yield a new output parameter therefrom; and
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adding said new output parameter value to a current
output parameter value to generate an updated output
parameter therefrom.

2. The method according to claim 1, wherein said steps of
first and second filtering of excitation and consequence
signals comprises of low-pass filtering.

3. The method according to claim 1, wherein said steps of
first and second low-pass filtering of excitation and conse-
quence signals comprises IR filtering.

4. The method according to claim 1, wherein said steps of
first filtering and second filtering are used to achieve delay
alignment of excitation and consequence signals to deter-
mine the gradient direction.

5. The method according to claim 1, wherein said step of
calculating comprises calculating a contra stochastic gradi-
ent in response to a negative indication of said gradient
direction control signal.

6. The method according to claim 1, wherein said sto-
chastic gradient is calculated also as a function of a gradient
direction control signal.

7. The method according to claim 6, wherein said gradient
direction control signal is determined in accordance with the
phase relationship between said filtered excitation signal and
said filtered consequence signal.

8. A method of gain calibration of a digitally controlled
oscillator (DCO), said method comprising the steps of:

first filtering an input data frequency command word

(FCW) to yield a filtered FCW therefrom;

second filtering a phase error signal to yield a filtered

phase error signal therefrom;
calculating a stochastic gradient as a function of said
filtered FCW and said filtered phase error signal; and

adding said stochastic gradient output to a current value of
DCO gain multiplier to generate an updated DCO gain
multiplier therefrom.

9. The method according to claim 8, wherein said step of
first filtering comprises smoothing said input data FCW
signal.

10. The method according to claim 8, wherein said step of
second filtering comprises smoothing said phase error sig-
nal.

11. The method according to claim 8, wherein said step of
calculating comprises calculating a contra stochastic gradi-
ent in response to a negative indication of said gradient
direction control signal.

12. The method according to claim 8, further comprising
the step of generating a momentum feedback signal from
said stochastic gradient values and adding said momentum
feedback signal to said stochastic gradient.

13. The method according to claim 8, wherein said
gradient direction control signal is determined in accordance
with the phase relationship between said filtered FCW signal
and said filtered phase error signal.

14. The method according to claim 8, wherein said step of
adding comprises accumulating said DCO gain estimate.

15. An apparatus for gain calibration of a digitally con-
trolled oscillator (DCO), comprising:

a first filter for filtering an input data frequency command

word (FCW) to yield a filtered FCW therefrom;

a second filter for filtering a phase error signal to yield a

filtered phase error signal therefrom;

gradient means for calculating a stochastic gradient as a

function of said filtered FCW and said filtered phase
error signal;

a momentum filter operative to generate a momentum

feedback signal in response to said stochastic gradient
values and to add said momentum feedback signal to
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said stochastic gradient output to yield a modified
stochastic gradient therefrom; and
an accumulator operative to add said modified stochastic
gradient to a current value of a DCO gain multiplier
value to yield an updated DCO gain multiplier there-
from.
16. The apparatus according to claim 15, wherein said first
filter comprises infinite impulse filter (IIR) filtering means.
17. The apparatus according to claim 15, wherein said
second filter comprises impulse filter (IIR) filtering means.
18. The apparatus according to claim 15, wherein said
gradient means comprises means for negating the sign of
said stochastic gradient.
19. An apparatus for generating a digitally controlled
oscillator (DCO) gain multiplier, comprising:
means for filtering an input data frequency command
word (FCW) to yield a filtered FCW therefrom;
means for filtering a phase error signal to yield a filtered
phase error signal therefrom;
means for calculating a stochastic gradient as a function
of'said filtered FCW and said filtered phase error signal;
means for generating a momentum feedback signal in
response to said stochastic gradient values and adding
said momentum feedback signal to said stochastic
gradient output to yield a modified stochastic gradient
therefrom; and

20

25

18

means for adding said modified stochastic gradient to a
current value of a DCO gain multiplier value to yield an
updated DCO gain multiplier therefrom.
20. A transmitter comprising:
a frequency synthesizer for performing a frequency
modulation; said frequency synthesizer comprising a
digitally controlled oscillator (DCO);
a gain calibration circuit of said digitally controlled
oscillator, said gain calibration circuit comprising:
means for filtering an input data frequency command
word (FCW) to yield a filtered FCW therefrom;

means for filtering a phase error signal to yield a filtered
phase error signal therefrom;

means for calculating a stochastic gradient as a function
of said filtered FCW and said filtered phase error
signal;

means for generating a momentum feedback signal in
response to said stochastic gradient values and add-
ing said momentum feedback signal to said stochas-
tic gradient output to yield a modified stochastic
gradient therefrom; and

means for adding said modified stochastic gradient to a
current value of a DCO gain multiplier value to yield
an updated DCO gain multiplier therefrom.
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