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Research Goal

Timing skew is a major problem in ATE systems

Digital compensation for timing skew
= Linear phase is important

Conventional linear-phase digital filter = coarse timing adjustment

Proposed linear-phase digital filter = fine timing adjustment
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Features of Proposed Digital Filter

F(t)

Fine time shift
T —>

® Fine time resolution
® Linear phase
® Applicable to bandpass signal
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Linear Phase FIR Filter Impulse Response

?
04

(1)Case 1 (2) Case 2
odd # of taps =even symmetry even # of taps-even symmetry
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Frequency Characteristics

h(nT) H(e/®T)

(N-1)/2

Case 1
e —Jo(N-1Ts/2. Z ay, cos[wkTy]
k=0

N/2

Case 2 e_z by cos[w(k —1/2)T;]
k=1
(N-1)/2
Case 3 ¢ ~I(@N-DTs/2-1/2) Z a; sin|wkT,]
k=0
N/2

Case 4 o SAEEDRED ) b, sinlow(k - 1/2)T,]
k=1

Phase : proportional to w (linear phase)
Time resolution of group delay Ts/2
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ldeal LPF

Frequency Characteristics Impulse Response
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Discrete-Time Representation of Ideal LPF

4 Z H(j(a) — k- a)s))
K

I Fourier Transform

FIR (Finite Impulse Response) |

h(t) = Z sinc (nk%TS) 6(t—k-T)

k

zZero

5-4-3-2 -1 1 2 3 45
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Impulse Response Time-Shift

2 |G(jw)
> W

T T

T T
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: £G(jw) !

T

2G(jw) = —wAt At time-shift of impulse response

No change of Gain
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Time-Shift and Filter Coefficients

FIR filter

Time Shift

IR Filter
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2-Tap Filter: Model

(o) =" 4

0.‘ Q
g A *
N LN .
0 ) .
. » F .
N .l .
L . s -
¥ a * .
) a * .
N N . -
),

o L]
- L] > ol % “ "y "y
. T/Z suy ~gn a0 Te e® e R .' PR R R Ty e
— 1] +(HH: 9, / J Q—la—()—>
] S ags L M :‘ .a . :‘ : ans ans
AR *ea® AR AR
‘s s .

m’ﬂlrﬂ-

-5-4-3-2 -1 1 2 3 45

Kobayashi. Lab @ Gunma_University



2-Tap Filter

G(jw)l

£G(jw)

—j(wTs/2 +[@0)

: Delay Model

FIR

IR
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2-Tap Filter: Delay Model

G(jw)l
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Proposed Delay Digital Filter

(a) FIR Filter y l (b) Ideal Delay Filter
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Window
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Frequency Characteristics of
Proposed Delay Digital Filter

g(nT) G(e/T)
(N-1)/2
Case 1 e_ Z a;, cos|wkT]
k=0
N/2
Case 2 e_z by cos|w(k — 1/2)T]
k=1
(N-1)/2
Case 3 I @WN-DTs/2-1/2+w1) Z a; sin|wkT]
k=0
N/2
Case 4 e_z by sinfw(k — 1/2)T,]
k=1
Phase proportional to w (linear phase)

Group delay time resolution T

Arbitrary small
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Comparison of 2-Tap Filter Impulse Responses

2-Tap FIR Filter
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Comparison of

2-Tap Filter Frequency Characteristics

Original filter and
7 proposed delay filter

Gain [dB]

Phase [radian]

1
N

N
AN
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0 0.5
Normalized Frequency (Fs=1.0)

No change of gain

Original filter

Phase slope changes

Proposed delay filter
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Finite Tap Truncation of Proposed Delay Filter

61-Tap Cosine Roll-off Filter

0.6
0.4
0.2
Qeececccocccccccecoce =====‘=L= -Le-eee oo ocoo0 00000000000
-0.2 : : : : : :
10 20 30 40 50 60
Delay Filter (0.3 samples delay)
0.6 : , : :
0.4
0.2
........................ Y 00l 000000000000000ecee
Osecccccccccccccccccccccee iy il ittt
-0.2 : : : : : :
10 20 30 40 50 60
o6 Delay Filter (0.3 samples delay)
0.4
0.2
Qeecceccccccocccoccce ======-“ TL.‘eee oo ococooooo 0000000
-0.2 : : : : : :
10 20 30 40 50 60

Rectangular
window

Hann
window

¥
.

Kobayashi. Lab @ Gunma_University

22



Effects of Window
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How to Apply Window

Centered at origin

Centered at
impulse response center
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Gain[dB]

Phase[degree]

Frequency Characteristics of Delay Filter
after Applying Window

Window centered at origin Window centered at impulse response
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49.805

Group delay
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Group Delay Characteristics of Delay Filter

after Applying Window
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Frequency Characteristics of Delay Filter
after Applying Window

Window centered at origin

Window centered at impulse response
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Group Delay Characteristics of Delay Filter
after Applying Window

Window centered at origin
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Group Delay Characteristics of Delay Filter
after Applying Window

Window centered at origin Window centered at impulse response

I L

Applying window centered at impulse response

g

Constant group delay over entire passband

cney Normalized frequency
Delay 0.3 samples
Filter Tap 100 taps
Window Han
Pass band (0.05~0.3)"Fs
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Proposed Filter DC Gain Adjustment

Digital filter DC gain : Z d,
@ Original filter

@ Delay filter

o a7
5-4-3-2 -1 1 2 3 45

DC gain adjustment due to finite tap truncation
is required

¥

N
Z d , = DC gain of original FIR filter
n=0
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Frequency Characteristics
of Proposed Delay Filter

Without DC gain adjustment With DC gain adjustment
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Gain Characteristics of Proposed Delay Filter

—— With DC gain adjustment
— Without DC gain adjustment
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Gain Characteristics of Proposed Delay Filter

—— Original FIR filter
— With DC gain adjustment
~ Without DC gain adjustment
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Gain Characteristics of Proposed Delay Filter

—— Original FIR filter
— With DC gain adjustment

~ Without DC gain adjustment
0.04 0.04

0.035 0.035

DC gain adjustment

\ 4

Delay filter gain

1
Original FIR filter

ain

Normalized Frequency Normalized Frequency
Delay 0.1samples Delay 0.3 samples
Filter Tap 101 taps Filter Tap 101 taps
Window Han Window Han
Cutoff Freaq. 0.4-Fs Cutoff Frea. 04-Fs
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I/Q Delay Mismatch in Quadrature Modulator

delay

in analog

domain

DAC>— \ T

I(t) = cos (2nf,t) — \

SSB signal input

b -

Q(t) =sin(2nf,t) — '\

@ /2 Image
fc rejection
ratio
I(t)+jQ(t) T '""'“““'“T -------- I—
] f , .
0 f-fy f. f+f,

SSB : single side band
DAC : digital-to-analog converter
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I/Q Delay Mismatch Compensation
iIn Quadrature Modulator

Delay
in analog domain

I(t) = cos (2nft) — \ DAC>— —\ - —Q%
q

SSB signal digital timing
compensation t

Q(t) =sin(2rnft) — \ DAC>— \ f
@ /2

fc

1()+)Q(t) T T
| f S f

0 f-fy, f, f+f,

s(t)

SSB : single side band
DAC : digital-to-analog converter
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Matlab Simulation Results

(b) Timing skew case

(a) Ideal case
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Matlab Simulation Results

(d) Compensation using delay filter
With adjustment of window, gain

Without adjustment of window, gain

(c) Compensation using delay filter
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Interleaved ADC System

B Mchannel ADCs mmp M-times sampling rate

digital
output
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Timing Skew in Interleaved ADC System

< -
Analog Input \ADC1 M Digital output
f CLK1 _t Dout
in U
{ apc2 X
CLK2
SIS S LS O L O I
o1& I N I NEN] N I
—
T
| T | f [ T I f
0 fin Fs 0 fin Fs- finFS

ADC : analog-to-digital converter Fs=1/Ts
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Timing Skew Compensation
in Interleaved ADC System

4 .
Analog input \Abcl M Digital output
f cLky = Clock skew effect Dout
In
compensation U >
< ADC2 —\ X
CLK2
’—’E . E . E . E . E H E .
S L5 N N A N N
TS R ] I I N -
T
[ T I f I T b I f
0 fin Fs 0 fi Fs- T Fs
Fs=1/Ts

ADC : analog-to-digital converter
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Matlab Simulation Results

(b) Timing skew case
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Without adjustment of window, gain
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Matlab Simulation Results

(c) Compensation using delay filter
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Conclusion

@ Linear phase digital filter
with fine time resolution of group delay
@ Design consideration
- How to apply window
- DC gain adjustment
@® Application Examples
- 1/Q delay mismatch compensation
in quadrature modulator
- Timing skew compensation in interleaved ADC system

Future work
@® Implementation issues

—

04

— Finite word length, finite tap effects
— LSI implementation
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