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1.3RRm';F"gg e Suppose we want to change the sample rate while preserving information:
e Halfband Filters e.g. Audio 44.1 kHz<+>48 kHz<>96 kHz
@ Dyadic 1:8 Upsampler
@ Rational Resampling Downsample

® Arbitrary Resampling + . q . o
o Polynomial Approximation LPF to new Nyquist bandwidth: wg =
® Farrow Filter +

® Summary

® MATLAB routines
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Resampling
1.3RRmr;p'g9 Flers Suppose we want to change the sample rate while preserving information:
e Halfband Filters e.g. Audio 44.1 kHz<>48 kHz+>96 kHz
@ Dyadic 1:8 Upsampler
@ Rational Resampling Downsample x[n] [l]
e o LPF to new Nyquist bandwidth: wy = % 2 LPF HK:1 [
® Farrow Filter +
o Summary Upsample: -
® routines . . X[l] . y[n]
e LPF to old Nyquist bandwidth: wy = % 1:K— LPF
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Resampling
1.3RRm";|F"g9 Flers Suppose we want to change the sample rate while preserving information:
e Halfband Filters e.g. Audio 44.1 kHz<48 kHz<96 kHz
@ Dyadic 1:8 Upsampler
@ Rational Resampling Downsample x[n] y[l]
@ Arbitrary Resamplin + . 0 .
° Polynorzial Apprsxir:ation LPF to new NquISt bandWIdth WO — % ] LPF B Kl
® Farrow Filter +
o Summary Upsample: -
) routines . . X[l] . n
e LPF to old Nyquist bandwidth: wy = 7 1:k}HeF 212
Rational ratio: f X g A 7] [ToF o il

LPF to lower of old and new Nyquist

bandwidths: wg = m
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Resampling
1.3RRm";|F"g9 Flers Suppose we want to change the sample rate while preserving information:
e Halfband Filters e.g. Audio 44.1 kHz<48 kHz<96 kHz
@ Dyadic 1:8 Upsampler
@ Rational Resampling Downsample x[n] y[l]
@ Arbitrary Resamplin + . 0 .
° Polynorzial Apprsxir:ation LPF to new NquISt bandWIdth WO — % ] LPF B Kl
® Farrow Filter +
o Summary Upsample: -
) routines . . X[l] . n
e LPF to old Nyquist bandwidth: wy = 7 1:k}HeF 212
Rational ratio: f X g A 7] [ToF o il

LPF to lower of old and new Nyquist
bandwidths: wg =

s
max(P,Q)

e Polyphase decomposition reduces computation by K = max (P, Q).
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Resampling
1.3RRm";|F"g9 Flers Suppose we want to change the sample rate while preserving information:
e Halfband Filters e.g. Audio 44.1 kHz<+48 kHz<++96 kHz
@ Dyadic 1:8 Upsampler
@ Rational Resampling Downsample x[n] y[l]
@ Arbitrary Resamplin + . 0 .
~ Poymomal Amroimation LPF to new Nyquist bandwidth: wy = — LPF —K:1
® Farrow Filter +
o Summary Upsample: -
) routines q q X[l] . n
e LPF to old Nyquist bandwidth: wy = 7 1:k}HLpF 212
Rational ratio: fs x & :
R Al plLeE o U]

LPF to lower of old and new Nyquist
bandwidths: wg =

™
max(P,Q)
e Polyphase decomposition reduces computation by K = max (P, Q).

e The transition band centre should be at the Nyquist frequency, wo = 7
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13: Resampling Filters

Resampling

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler
@ Rational Resampling

® Arbitrary Resampling

L

® Polynomial Approximation

® Farrow Filter
® Summary
® MATLAB routines

db

LPF to lower of old and new Nyquist
bandwidths: wg =

Suppose we want to change the sample rate while preserving information:
e.g. Audio 44.1 kHz<>48 kHz<+>96 kHz

Downsample:

X|n ]
LPF to new Nyquist bandwidth: wy = = A pr] x|
Upsample: :
x[z] n
LPF to old Nyquist bandwidth: wy = % 1:xH Lpr Aol
Rational ratio: fs x & :
f: X g Xl p] [opr] o 21

s
max(P,Q)

Polyphase decomposition reduces computation by KX = max(P, Q).

The transition band centre should be at the Nyquist frequency, wo = 7

Filter order M =~ 3_5dAw where d is stopband attenuation in dB and Aw

IS the transition bandwidth (Remez-exchange estimate).
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@ Dyadic 1:8 Upsampler
@ Rational Resampling

® Arbitrary Resampling

L

® Polynomial Approximation

® Farrow Filter
® Summary
® MATLAB routines

db

LPF to lower of old and new Nyquist
bandwidths: wg =

Suppose we want to change the sample rate while preserving information:
e.g. Audio 44.1 kHz<>48 kHz<+>96 kHz

Downsample:

X|n ]
LPF to new Nyquist bandwidth: wy = = A pr] x|
Upsample: :
x[z] n
LPF to old Nyquist bandwidth: wy = % 1:xH Lpr Aol
Rational ratio: fs x & :
f: X g Xl p] [opr] o 21

s
max(P,Q)

Polyphase decomposition reduces computation by KX = max(P, Q).

The transition band centre should be at the Nyquist frequency, wg = %
Filter order M =~ 3_5dAw where d is stopband attenuation in dB and Aw
IS the transition bandwidth (Remez-exchange estimate).

Fractional semi-Transition bandwidth, o« = 2%*;, IS typically fixed.
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13: Resampling Filters

Resampling

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler
@ Rational Resampling

® Arbitrary Resampling

L

® Polynomial Approximation

® Farrow Filter
® Summary
® MATLAB routines

db

LPF to lower of old and new Nyquist
bandwidths: wg =

Suppose we want to change the sample rate while preserving information:
e.g. Audio 44.1 kHz<>48 kHz<+>96 kHz

Downsample:

X|n ]
LPF to new Nyquist bandwidth: wy = = A pr] x|
Upsample: :
x[i] n
LPF to old Nyquist bandwidth: wy = % 1:xH Lpr Aol
Rational ratio: fs x & :
f: X g Xl p] [opr] o 21

s
max(P,Q)

Polyphase decomposition reduces computation by KX = max(P, Q).

The transition band centre should be at the Nyquist frequency, wg = %
Filter order M =~ 3_5dAw where d is stopband attenuation in dB and Aw
IS the transition bandwidth (Remez-exchange estimate).

Fractional semi-Transition bandwidth, o« = 2%*;, IS typically fixed.

eg.a=005 = M~ =09dK (wherewy= %)
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13: Resampling Filtrs If K = 2 then the new Nyquist frequency is 1

® Resampling
@ Halfband Filters wo =
@ Dyadic 1:8 Upsampler Tos

SE

@ Rational Resampling

® Arbitrary Resampling +

® Polynomial Approximation 0 1 2 3
w (rad/s)

® Farrow Filter +

® Summary

® MATLAB routines
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Halfband Filters

13: Resampling Filtrs If K = 2 then the new Nyquist frequency is
® Resampling
@ Halfband Filters (UO == %

@ Dyadic 1:8 Upsampler

@ Rational Resampling

We multiply ideal response W by a Kaiser

® Arbitrary Resampling +

® Polynomial Approximation W|nd0W
® Farrow Filter +
® Summary

® MATLAB routines

0 1 2 3
w (rad/s)
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Halfband Filters

® Resampling
s

e Halfband Filters wo — 5 .
Tos

13- Resampling Fiers If X = 2 then the new Nyquist frequency is 1*7

@ Dyadic 1:8 Upsampler Lo
® Rational Resampling . . sin won 0

. We multiply ideal response ——"%= by a Kaiser i

@ Polynomial Approximation W|nd0W 0 1 w(rad/s)2 3
® Farrow Filter +

® Summary

® MATLAB routines
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Halfband Filters

13: Resampling Filtrs If K = 2 then the new Nyquist frequency is
® Resampling
@ Halfband Filters (UO == %

@ Dyadic 1:8 Upsampler
@ Rational Resampling

. . sin won .
N We multiply ideal response W—no by a Kaiser
® Polynomial Approximation window. All even numbered points are zero

@ Farrow Filter +
® Summary except h [O] = O . 5

® MATLAB routines

JEN

0 1 2 3
w (rad/s)
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Halfband Filters

13: Resampling Filtrs If K = 2 then the new Nyquist frequency is

® Resampling
e Halfband Filters wo —
@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +

T

5 -

We multiply ideal response W by a Kaiser

° EO'V”OZ‘T‘AWWX"“""“W window. All even numbered points are zero
® Farrow Filter +
® Summary except h[O] = 05

® MATLAB routines

If 4 | M and we make the filter causal (xz_%),
M _
H(z) = 0.5272 + 2 2 ! hylr]z—2"

where hq[r] = h[2r + 1 — 2]

JEN

0 1 2 3
w (rad/s)
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13: Resampling Filters

Halfband Filters

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler
@ Rational Resampling

® Arbitrary Resampling

L

® Polynomial Approximation

® Farrow Filter
® Summary
® MATLAB routines

db

If X' = 2 then the new Nyquist frequency is

T
(UO—§.

We multiply ideal response W by a Kaiser

window. All even numbered points are zero
except h|0] = 0.5.

If 4 | M and we make the filter causal (xz_%),
M _
H(z) = 0.5272 + 2! 2 ! hylr]z—2"
where hy|r] = h[2r + 1 — %]

Half-band upsampler:

0 1 2 3
w (rad/s)
M=20
p=2.5
otogolo WI Iv Poypon
oo
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13: Resampling Filters

Halfband Filters

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

If X' = 2 then the new Nyquist frequency is

T
CUO—E.

We multiply ideal response W by a Kaiser

window. All even numbered points are zero
except h|0] = 0.5.

If 4 | M and we make the filter causal (xz_%),
M _
H(z) = 0.5272 + 2! 2 ! hylr]z—2"
where hy|r] = h[2r + 1 — %]

Half-band upsampler:

0 1 2 3
w (rad/s)
M=20
p=2.5
otogolo WI Iv Poypon
oo

x[i] [:0'5 12 LZo,sM ;y[n]

2H, (Zz) —
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13: Resampling Filters

Halfband Filters

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

If K = 2 then the new Nyquist frequency is
wo —

SE

We multiply ideal response W by a Kaiser
window. All even numbered points are zero
except h|0] = 0.5.

If 4 | M and we make the filter causal (xz_%),
M _
H(z) = 0.5272 + 2! 2 ! hylr]z—2"
M
where hy|r] = h[2r +1 — Z]
Half-band upsampler:

We interchange the filters with the 1:2 block
and use the commutator notation.

Ay k| {Lpr ]

x[i]0-3 050 y[n]
—| > 12+ z P—(;)—
L ) a
2H\(z%)

x[i] 0.5 ,0.25M -
> i y|n
2H1(Z) p—o
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13: Resampling Filters

Halfband Filters

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

If K = 2 then the new Nyquist frequency is
wo —

SE

We multiply ideal response W by a Kaiser
window. All even numbered points are zero
except h|0] = 0.5.
If 4 | M and we make the filter causal (xz_%),
M _
H(z)=05z"2 + 2z~ 2 ' hylr]z—2"
where hy|r] = h[2r + 1 — %]

Half-band upsampler:

We interchange the filters with the 1:2 block
and use the commutator notation.

H;(z) is symmetrical with 2 coefficients
SO we need % multipliers in total (input gain
of 0.5 can usually be absorbed elsewhere).

Ay k| {Lpr ]

A2 L 0SM »—@—y []

2H, (Zz) —

x[i] 0.5 ,0.25M -
> i y|n
2H1(Z) p—o
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13: Resampling Filters

Halfband Filters

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler
@ Rational Resampling

® Arbitrary Resampling

L

® Polynomial Approximation

® Farrow Filter
® Summary
® MATLAB routines

db

If X' = 2 then the new Nyquist frequency is

T
CUO—E.

We multiply ideal response W by a Kaiser

window. All even numbered points are zero
except h|0] = 0.5.

If 4 | M and we make the filter causal (xz_%),
M _
H(z) = 0.5272 + 2! 2 ! hylr]z—2"
where hy|r] = h[2r + 1 — %]

Half-band upsampler:

We interchange the filters with the 1:2 block
and use the commutator notation.

H;(z) is symmetrical with 2 coefficients
SO we need % multipliers in total (input gain
of 0.5 can usually be absorbed elsewhere).

Computation: % multiplies per input sample

M=20
p=2.5
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Dyadic 1.8 Upsampler

13: Resampling Filters

® Resampling X[l] 0.125
® Halfband Filters @f
@ Dyadic 1:8 Upsampler 2

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

—0.25P
z

ulj]

—0.25
70259

2Hp(z)

—0.25R
z

o

2H(z)

2HR(z)

Suppose X (2): BW=0.87 < a = 0.2
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Dyadic 1.8 Upsampler

13: Resampling Filters
VK] —— I:KHLPF ——

® Resampling X[Z] 0.125 I/l[]] 270'25R

-0.25P -0.250
@ Halfband Filters > { z ’_Oﬂ E z P—Oﬂ E
@ Dyadic 1:8 Upsampler @ﬁc )ébErgzj]p 1 ;0.811
ZHP(Z) p—o 2HQ(Z) p—o 2HR(Z) p-——o 2 = '

@ Rational Resampling

® Arbitrary Resampling +

o Polynomial Approximation Suppose X (2): BW=0.87 < o = 0.2 B
® Farrow Filter +

Commy Upsample 1:2 — U(2):

® MATLAB routines
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Dyadic 1.8 Upsampler

13: Resampling Filters

® Resampling X[l] 0 125

—0.25P
z

ulj]

—0.25
70259

® Halfband Filters @f
@ Dyadic 1:8 Upsampler 2

@ Rational Resampling

2Hp(z)

—0.25R
z

o

® Arbitrary Resampling +
® Polynomial Approximation

® Farrow Filter +

2H(z)

© summary Upsample 1:2 — U(2):
Filter Hp(z) must remove image: Aw = 0.27

® MATLAB routines

2HR(z)

Suppose X (2): BW=0.87 < a = 0.2

— 1:K— LPF ———

go.8n
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13: Resampling Filters

¢ :e;zmp;rflt x[7] i _025P ulj] 0250 v[k] _O23R — K[ LPF ——
@ Dyadic 1:8 Upsampler @ﬁc FO% 50'8"
@ Rational Resampling 2HP(Z) p—o 2HQ(Z) p—° 2HR(Z) po g X

® Arbitrary Resampling +

o Polynormial Approximaton Suppose X (2): BW=0.87 < a = 0.2

® Farrow Filter +
® Summary . .
@ MATLAB routines Upsample 12 — U('Z) .
Filter Hp(z) must remove image: Aw = 0.27

S . 60
For attenuation = 60 dB, P ~ SEAD = 27.3

' DSP and Digital Filters (2017-10126) Resampling: 13—4/10
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Dyadic 1.8 Upsampler

13: Resampling Filters

® Resampling X[l] 0.125
® Halfband Filters

@ Dyadic 1:8 Upsampler @ﬁc

@ Rational Resampling

® Arbitrary Resampling +

® Polynomial Approximation

—0.25P
z

ulj]

—0.25
70259

2Hp(z)

—0.25R
z

o

2H(z)

2HR(z)

Suppose X (2): BW=0.87 < a = 0.2

® Farrow Filter +

® Summar 0 o

® MATLAByroutines Upsample 12 _> U<Z)
Filter Hp(z) must remove image: Aw = 0.27
For attenuation = 60dB, P ~ =99 —927.3

3.5Aw

Round up to a multiple of 4: P = 28

— 1:K— LPF ———

: DSP and Digital Filters (2017-10126)
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Dyadic 1.8 Upsampler

13: Resampling Filters
¢ Resampling x[i] LLlZS _025P ulj] v[k] _O5R

-0.250
@ Halfband Filters [> z n
@ Dyadic 1:8 Upsampler @ﬁc )CZ_DESJ](
ZHP(Z) p—o ZHQ(Z) p—o 2HR(Z) p-—o x

@ Rational Resampling

® Arbitrary Resampling +

o Polynormial Approximaton Suppose X (2): BW=0.87 < a = 0.2

® Farrow Filter +

Sy Upsample 1:2 — U(z):
Filter Hp(z) must remove image: Aw = 0.27
For attenuation = 60 dB, P ~ 23— = 27.3
Round up to a multiple of 4: P = 28

Upsample 1:2 — V(z): Aw = 0.61= Q = 12

— 1:K— LPF ———

: DSP and Digital Filters (2017-10126)
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13: Resampling Filters

Dyadic 1.8 Upsampler

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

x[] 0125 ,0.25P ul/] 0250 v[k] , 0.25R
2Hp2) p H2H@) b [2Hi) o @Y

Suppose X (2): BW=0.87 < a = 0.2

Upsample 1:2 — U(2):
Filter Hp(z) must remove image: Aw = 0.27
For attenuation = 60 dB, P ~ 23— = 27.3

Round up to a multiple of 4: P = 28

Upsample 1:2 — V(z): Aw = 0.61= Q = 12
Upsample 1:2 — Y (2): Aw = 0.87= R =8

1:K{— LPF ——
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13: Resampling Filters

Dyadic 1.8 Upsampler

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

x[] 0125 ,0.25P ul/] 0250 v[k] , 0.25R

@ L{ { P in]
2Hp(2) p— 2Hy(z) b 2Hg(z) b @8/

Suppose X (2): BW=0.87 < a = 0.2

Upsample 1:2 — U(2):
Filter Hp(z) must remove image: Aw = 0.27
For attenuation = 60 dB, P ~ 23— = 27.3
Round up to a multiple of 4: P = 28

Upsample 1:2 — V(z): Aw = 0.61= Q = 12

Upsample 1:2 — Y (2): Aw = 0.87= R =8
[diminishing returns + higher sample rate]

— 1:K— LPF ———
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13: Resampling Filters

Dyadic 1.8 Upsampler

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler
@ Rational Resampling

® Arbitrary Resampling

L

® Polynomial Approximation

® Farrow Filter
® Summary
® MATLAB routines

db

x[] 0125 ,0.25P ul/] 0250 v[k] , 0.25R

@ L{ { P in]
2Hp(2) p— 2Hy(z) b 2Hg(z) b @8/

Suppose X (2): BW=0.87 < a = 0.2

Upsample 1:2 — U(2):
Filter Hp(z) must remove image: Aw = 0.27
For attenuation = 60 dB, P ~ 23— = 27.3
Round up to a multiple of 4: P = 28

Upsample 1:2 — V(z): Aw = 0.61= Q = 12

Upsample 1:2 — Y (2): Aw = 0.87= R =8
[diminishing returns + higher sample rate]

Multiplication Count:

(L+5) X fot G x2fu+ & x4fs =22f,

— 1:K— LPF ———
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13: Resampling Filters

Dyadic 1.8 Upsampler

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

x[] 0125 ,0.25P ul/] 0250 v[k] , 0.25R

@ L{ { P in]
2Hp(2) p— 2Hy(z) b 2Hg(z) b @8/

Suppose X (2): BW=0.87 < a = 0.2

Upsample 1:2 — U(2):
Filter Hp(z) must remove image: Aw = 0.27
For attenuation = 60 dB, P ~ 23— = 27.3
Round up to a multiple of 4: P = 28

Upsample 1:2 — V(z): Aw = 0.61= Q = 12

Upsample 1:2 — Y (2): Aw = 0.87= R =8
[diminishing returns + higher sample rate]

Multiplication Count:

(L+5) X fot G x2fu+ & x4fs =22f,

Alternative approach using direct 1:8 upsampling:

— 1:K— LPF ———

Aw = 0.05m = M = 110 = 111 f,. multiplications (using polyphase)
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Rational Resampling

13: Resampling Filters

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

® Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

To resample by g do 1:P
then LPF, then Q:1.

x[n]

@fs

1:3

H(z) |18

5:1

V]

@,

: DSP and Digital Filters (2017-10126)
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Rational Resampling

13: Resampling Filters

® Resampling x[n] X X X X X X X X X

® Halfband Filters

@ Dyadic 1:8 Upsampler

® Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +

® Summary Resample by

® MATLAB routines

P
Q

= Wo =

v[s] OAOOAQOAOOAYOAOOAGOAHOAHOA

s
max (P, Q)

To resample by g do 1:P
then LPF, then Q:1.

x[n]

@f:

1:3

H) s A

@,

: DSP and Digital Filters (2017-10126)
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Rational Resampling

13: Resampling Filters

® Resampling x[n] X X X X X X X X X

® Halfband Filters

@ Dyadic 1:8 Upsampler

® Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation

® Farrow Filter +

v[s] OAQOAOOAOOAYOAHOAYOAHOAHOA

P T
e Summary Resample by = = wg =
® MATLAB routines FA) y Q 02 l’l’laX(P, Q)
= _ aTT
Aw = 2awg = mx(P.O)

To resample by g do 1:P
then LPF, then Q:1.

x[n]

@f:

1:3

Hz) 81520

@,
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Rational Resampling

13: Resampling Filters P .
o Resampling x[n] X X X X X X X X X To resample by o) do 1:P
:;jzzini::jzrssampler V[s] OAOOAYOAYOAGOAYOAOCASOAHOOA then LPF, then Ql
® Rational Resampling xXln vils l
® Arbitrary Resampling  + é} 1:3 H(Z) [ ] 5:1 égp]
® Polynomial Approximation X y
® Farrow Filter + p
o Summary Resample by = = wg = T
® MATLAB routines FA) y Q 02 l’l’laX(P, Q)
= - QT
Aw = 2awg = mx(P.O)

Polyphase: H(z) = 252_01 2 PH, (")

' DSP and Digital Filters (2017-10126) Resampling: 13—5/10
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Rational Resampling

13: Resampling Filters

® Resampling x[n] X X X X X X X
OAOOAYOAHOAYOAYOAYOAHOAHOA

® Halfband Filters

@ Dyadic 1:8 Upsampler V[S]
® Rational Resampling

® Arbitrary Resampling +

® Polynomial Approximation

X X

® Farrow Filter +
P _ _
° I\S/IATLAByroutines Resamile by Q :> w02 l’l’laX(P, Q)
Aw = 20wy = maXE)‘I_Y,T’ )
Polyphase: H(z) = 25;01 2 PH, (")

To resample by g do 1:P
then LPF, then Q:1.

x[n]

@fs

13 H HE) B 50 g@gi]

x[n] vislr=71 il
i@ {51 )

holr]

hi[r]—
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Rational Resampling

13: Resampling Filters
® Resampling x[n] X X X X X X X X X

@ Halfband Filters 0AYOAYOAYOAYOAOOAOOAOOAOOA

@ Dyadic 1:8 Upsampler V[S]

® Rational Resampling

® Arbitrary Resampling +

® Polynomial Approximation

® Farrow Filter +
P _ _
° I\S/IATLAByroutines Resamile by Q :> w02 l’l’laX(P, Q)
Aw = 20wy = maX?‘g’ )
Polyphase: H(z) = 25:_01 2 PH, (")

Commutate coefficients:
v|s| uses H,(z) with p = smod P

To resample by g do 1:P
then LPF, then Q:1.

x[n]

@fs

13 H HE) B 50 g@gi]

il pplsle] ]
— @i® S:1 oy
holr] o

hi[r]—
h;[r]—o @3 =0:R
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Resampling: 13-5/10 :



-1

13: Resampling Filters

Rational Resampling

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

® Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

x[n] X X X X X X X

X X

v[s] OAQOAOOAOOAYOAHOAYOAHOAHOA

e e A 00 A
Resample by g = Wo = maXZTP, Q)
A 2
Aw = 20&00 o max?;’r, Q)

Polyphase: H(z) = S 0! 2 PH, (")

p=0
Commutate coefficients:

v|s| uses H,(z) with p = smod P

Keep only every Q™ output:

To resample by g do 1:P
then LPF, then Q:1.

x[n] 31 vIslTz7 1L
af. 1:3 — H(z) 5:1 @f
x[n] vislrz1 il
@al(z) 5:1 @3/5
holr]
hi[r]—
hz[r]—o @3 r:OR
x{] =, il
@al() s
ho[r]ﬂ
hy[r]— r=0:R
mi—~ @7
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13: Resampling Filters

Rational Resampling

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

® Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

x[n] X X X X X X X

X X

v[s] OAQOAOOAOOAYOAHOAYOAHOAHOA

e e A 00 A
Resample by g = Wo = maXZTP, Q)
A 2
Aw = 20&00 o max?;’r, Q)

Polyphase: H(z) = S 0! 2 PH, (")

p=0
Commutate coefficients:

v|s| uses H,(z) with p = smod P

Keep only every Q™ output:

yl|i] uses H,(z) with p = Qi mod P

To resample by g do 1:P
then LPF, then Q:1.

x[n] 31 vIslTz7 1L
af. 1:3 — H(z) 5:1 @f
x[n] vislrz1 il
@al(z) 5:1 @3/5
holr]
hi[r]—
hz[r]—o @3 r:OR
x{] =, il
@al() s
ho[r]ﬂ
hy[r]— r=0:R
mi—~ @7
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13: Resampling Filters

Rational Resampling

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

® Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

x[n] X X X X X X X

v[s]

X X

OAQOAYOAYOAYOAYOAYOAYOAOOA

e e A 00 A
Resample by g = Wo = maXZTP, Q)
A 2
Aw = 20&00 o max?;’r, Q)

Polyphase: H(z) = S 0! 2 PH, (")

p=0
Commutate coefficients:

v|s| uses H,(z) with p = smod P

Keep only every Q™ output:

yl|i] uses H,(z) with p = Qi mod P

Multiplication Count:
H(z): M + 1~ 208 _

3.5Aw

2.7 max(P, Q)

(8

To resample by g do 1:P
then LPF, then Q:1.

x[n] 731 vIslTz7 1L
ar. 1:3  H(2) 5:1 @f
x[n] vislrz1 il
@al(z) 5:1 @3/5
holr]
hi[r]—
hz[r]—o @3 =0:R
xlz] 1 1l
ey,
i |
hy[r]— r=0:R
mi—~ @7
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13: Resampling Filters

Rational Resampling

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

® Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

x[n] X X X X X X X

v[s]

X X

OAQOAYOAYOAYOAYOAYOAYOAOOA

e e A 00 A
Resample by g = Wo = maXZTP, Q)
A 2
Aw = 20&00 o max?;’r, Q)

Polyphase: H(z) = S 0! 2 PH, (")

p=0
Commutate coefficients:

v|s| uses H,(z) with p = smod P

Keep only every Q™ output:

yl|i] uses H,(z) with p = Qi mod P

Multiplication Count:
H(Z) M—|—1 ~ 60 [dB] __

3.5Aw

2.7 max(P, Q)

(8

To resample by g do 1:P
then LPF, then Q:1.

x[n] 731 Vsl 1l
af. 1:3 — H(z) 5:1 af,
x[n] vislrz1 il
@IHP(Z) 5:1 @3/5
holr]
hi[r]—

[7]
g,
ho[r]ﬂ
hz[l’]—o =0:R

3
mi— @7
M + 1 coeficients in all
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13: Resampling Filters

Rational Resampling

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

® Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

x[n] X X X X X X X
v[s]

g o & A O

X X

OAQOAYOAYOAYOAYOAYOAYOAOOA

¢ A

Resample by g = Wp =

20

max(P, Q)

Aw £ 20wy =

s
max (P, Q)

Polyphase: H(z) = S 0! 2 PH, (")

p=0
Commutate coefficients:

v|s| uses H,(z) with p = smod P

Keep only every Q™ output:

yl|i] uses H,(z) with p = Qi mod P

Multiplication Count:
_ . 60[dB] __
H(z): M +1m ggr =

Hy(z): R+1=4+ =

2.7 max(P, Q)

(8

2.7 max (1
(@7

» P

To resample by g do 1:P
then LPF, then Q:1.

vls]

x[n]

@fs

V]

5:1 af,

1:3H H(z)

yli]
@5

holr]
hi[r]—
hy[r]— @

5:1

=0:R

x[n]

@ H,(2)} ull

’WHU‘
hy[r]—

mi—~ @'

[E—

=0:R

) M + 1 coeficients in all
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Rational Resampling

13: Resampling Filters

x[n] X X X X X X X X X

v[s] OAQOAOOAOOAYOAHOAYOAHOAHOA
yli] © ¢ A o o A

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

® Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation

® Farrow Filter +

® Summary
® MATLAB routines

Resample by g = Wo = maXZTP, Q)

Aw = 20wy = ma}%ﬁ‘g %)

Polyphase: H(z) = 25;01 2 PH, (")
Commutate coefficients:

v|s| uses H,(z) with p = smod P

Keep only every Q™ output:
yl|i] uses H,(z) with p = Qi mod P

Multiplication Count:

2.7 max (P,
H(z): M + 1§38 = 2TmexAO)
Hy(z): R+ 1= = 2T max (1

Multiplication rate: 27 max | 1, %)
| «

To resample by g do 1:P
then LPF, then Q:1.

x[n]

@f:

V]
@,

13 - HE 15

yli]
@5

xnl | i) vslrs
holr]
hi[r]—
hy[r]— @

=0:R

x[n]

@ H,(2)} ull

’WHU‘
hy[r]—

mi—~ @'

[E—

=0:R

) M + 1 coeficients in all
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13: Resampling Filters

Rational Resampling

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

® Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

x[n] X X X X X X X X X

v[s] OAQOAOOAOOAYOAHOAYOAHOAHOA

To resample by g do 1:P
then LPF, then Q:1.

il o ¢ A o o A X[n] 737 vIslrz 1 2L
g B HE P s gs
P _ .
Resample by 5 = wo = mr{poy xn] o vislre ) il
Aw £ 20wy = —227 @1—> —@’/s
max (P, Q) hol[7]
Polyphase: H(z) = ZP__Ol 2 PH, (") mlrl= a3 —0-R
" Lap= ho[r]— r=0:
Commutate coefficients:
v|s| uses H,(z) with p = smod P :
5] pt(h ) dnl gl
Keep only every Q™ output: @1 @’/s
yl|i] uses H,(z) with p = Qi mod P ho[V]ﬂ
hz[l’]—o 3/ =0:R
Multiplication Count: ( : h[r]— @’s
. _ 60[dB] __ 2.7max(P,Q
H(z): M + 1= 355 = o
Hy(z): R+ 1= = 2T max (1, P) M + 1 coeficients in all
Multiplication rate: 2" max (1 %) X fy = 2l max (fy, fu)
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Arbitrary Resampling +

13: Resampling Filters Sometimes need very large P and ():
® Resampling 44.1 kH 147
@ Halfband Filters eg 22 2 — Tan

48 kHz 160

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

' DSP and Digital Filters (2017-10126) Resampling: 13— 6/10
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13: Resampling Filters

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

Arbitrary Resampling

Sometimes need very large P and ():

44.1kHz _ 147
€9. 48knz ~ 160

Multiplication rate OK: 2‘7ma‘xoffy’ fz)

: DSP and Digital Filters (2017-10126)
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Arbitrary Resampling

13: Resampling Filters Sometimes need very large P and ():
® Resampling 44.1 kH 147

® Halfband Filters eg 4—2 —

e Dyadic 1:8 Upsampler 8 khz 1602 7 max(f f )
@ Rational Resampling MUItlpI|Cat|On I’ate OK . Q S

® Arbitrary Resampling +

® Polynomial Approximation HOwever # CoefﬂC'entS 2.7 maX(P’ Q)
® Farrow Filter + “

® Summary

® MATLAB routines

DSP and Digital Filters (2017-10126)
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Arbitrary Resampling +

13: Resampling Filters

Sometimes need very large P and ():

P/ :

® Resampling x[n] H(z @'o ]

e Halfband Filters e.g. w — 147 @1 @) v[i] uses o) mod pl7]

@ Dyadic 1:8 Upsampler o _ 8 kHz 16027 max(f f ) ho.[r.]—o F=0R

® Rational Resampling Multiplication rate OK: gz " o R=(M+1)/P-1
o hp_o[r]— @F/o (M+1)

® Arbitrary Resampling  + o 5 7 maX(P Q) P-0

® Polynomial Approximation However # coefficients: = :

® Farrow Filter + o

® Summary

Alternatively, use any large integer P

and round down to the nearest sample:

E.g. for y|i] at time i% use hy|r]

where p = (|1Q|)mod P

® MATLAB routines

' DSP and Digital Filters (2017-10126) Resampling: 13— 6/10
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Arbitrary Resampling

13: Resampling Filters

Sometimes need very large P and ():
44.1kHz __ 147

48 kHz — 160

@ Dyadic 1:8 Upsampler
® Rational Resamping Multiplication rate OK: 2 22x(/y. fx)

. . (0%
® Arbitrary Resampling +
® Polynomial Approximation However # coefficients: 2 maz(P 1)

® Farrow Filter +

® Resampling
o Halfband Filters eg .

® Summary
® MATLAB routines

Alternatively, use any large integer P
and round down to the nearest sample:
Q

E.g. for y[i] at time ¢ % use hy,|r]

where p = (|1Q|)mod P

Equivalent to converting to analog with
zero-order hold and resampling at f,, =

uld @'lo il
@1 HP(Z) y[l] uses hLiQJ mod P[V]
ho[r] -

s r=0:R
hp_olrl— @F/g R = (M+1)/P-1

1/P QP
— —

ol

: DSP and Digital Filters (2017-10126)
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Arbitrary Resampling

13: Resampling Filters

Sometimes need very large P and ():
44.1 kHz __ 147

48 kHz — 160

@ Dyadic 1:8 Upsampler
0 Rettoie e g Multiplication rate OK: 2.7max(fy, fo)

. . (0%
® Arbitrary Resampling +
® Polynomial Approximation However # coefficients: 2 maz(P 1)

® Farrow Filter +

® Resampling
o Halfband Filters eg .

® Summary
® MATLAB routines

Alternatively, use any large integer P

and round down to the nearest sample:

E.g. for y[i] at time fi% use hy|r]

where p = (|1Q|)mod P

Equivalent to converting to analog with
zero-order hold and resampling at f,, =

Zero-order hold convolves with rectangular

. sin %
periodic spectrum by —
2P

uld @'lo il
@1 H,(2) v[i] uses o) mod pl7]
ho[r] -

18 r=0:R
hp_olrl— @F/g R = (M+1)/P-1
1P QP

— —

1) Upsample @ P
2) LPF to min(m,7P/Q)

0.5 3) Zero-order hold
O P 2P 4P
P 0 ™ m ™
a . Continuous time © (rad/s)

1.
P

wide window = multiplies

: DSP and Digital Filters (2017-10126)
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Arbitrary Resampling

13: Resampling Filters

Sometimes need very large P and ():
44.1 kHz __ 147

48 kHz — 160

@ Dyadic 1:8 Upsampler
0 Rettoie e g Multiplication rate OK: 2.7max(fy, fo)

. . (0%
® Arbitrary Resampling +
® Polynomial Approximation However # coefficients: 2 maz(P 1)

® Farrow Filter +

® Resampling
o Halfband Filters eg .

® Summary
® MATLAB routines

Alternatively, use any large integer P

and round down to the nearest sample:

E.g. for y[i] at time fi% use hy|r]

where p = (|1Q|)mod P

Equivalent to converting to analog with
zero-order hold and resampling at f,, =

Zero-order hold convolves with rectangular

Q

uld @'lo il
@1 H,(2) v[i] uses o) mod pl7]
ho[r] -

18 r=0:R
hp_olrl— @F/g R = (M+1)/P-1
1P QP

— —

1) Upsample @ P
2) LPF to min(m,7P/Q)

0.5 3) Zero-order hold
O P 2P 4P
P 0 ™ m ™
a . Continuous time © (rad/s)

1.
P

wide window = multiplies

periodic spectrum by 2. Resampling aliases 2to Q__, 2Pz

2P

: DSP and Digital Filters (2017-10126)
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13: Resampling Filters

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler
@ Rational Resampling

® Arbitrary Resampling

L

® Polynomial Approximation

® Farrow Filter
® Summary
® MATLAB routines

db

Arbitrary Resampling +
Sometimes need very large P and (): gn] e @ il
44.1 kHz __ 147 @1 p O |
e.0. V5o = Tan y[i] uses ALig)mod Plr]
: g .48 e 1§02.7 max(fy, fz) ho.[ .]—o r=0:R
Multiplication rate OK: PN - oS @ o R = (M+1)/P-1
. . . 2. max(r,
However # coefficients: - N L
Alternatively, use any large integer P
and round down to the nearest sample:
E.g. for y|i] at time fi% use hy|r] 1
where p = (|iQ | )mod P 2) LPF o minGoaPic)
0.5 3) Zero-order hold
Equivalent to converting to analog with 0 E. Y =
. o7 s 7r m
zero-order hold and resampling at f,, = g. Continuous time  (rad/s)
Zero-order hold convolves With rectangular %-Wide window = multiplies
Q
periodic spectrum by —2Z . Resampling aliases € to 2 mod 257 -
2P

Unit power component at {21 gives alias components with total power:

2 2
sin? & "> (2P ) (2P ~ Wi 2x? _ Q]
2P n=1 \ 2nP7+Q; 2InPr—Q, ™~ 4P2 672 T 12P2

' DSP and Digital Filters (2017-10126) Resampling: 13— 6/10
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13: Resampling Filters

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler
@ Rational Resampling

® Arbitrary Resampling

L

® Polynomial Approximation

® Farrow Filter
® Summary
® MATLAB routines

db

Arbitrary Resampling +
Sometimes need very large P and (): gn] e @ il
44.1 kHz __ 147 @1 p O |
e.0. V5o = Tan y[i] uses ALig)mod Plr]
: g .48 e 1§02.7 max(fy, fz) ho.[ .]—o r=0:R
Multiplication rate OK: o o - oS @ o R = (M+1)/P-1
. . . 2. max(r,
However # coefficients: > N L
Alternatively, use any large integer P
and round down to the nearest sample:
E.g. for y|i] at time i% use hy|r] 1
where p = (|iQ | )mod P 2) LPF o minGoaPic)
0.5 3) Zero-order hold
Equivalent to converting to analog with 0 E. Y =
. o7 s 7r m
zero-order hold and resampling at f,, = g. Continuous time  (rad/s)
Zero-order hold convolves With rectangular %-wide window = multiplies
Q
periodic spectrum by —2Z . Resampling aliases € to 2 mod 257 -
2P

Unit power component at {21 gives alias components with total power:
2 2
gin? 21§ op X 2P L wi o2 QF
2P n=1 \ 2nP7+Q; 2nPr— ™~ 4P2 672 T 12P2

For worst case, {21 = 7, need P = 906 to get —60 dB ®

' DSP and Digital Filters (2017-10126) Resampling: 13— 6/10
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13: Resampling Filters

Polynomial Approximation

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

Suppose P = 50 and H (z) has order M = 249

H (z) is lowpass filter with wq &

U
50

An] oy @ il
@1 [J(Z} .
y[i] uses Aip)mod P7]
h
Ol[V:L, r=0:R
hp_glr— @'lg R=oa1y/P-l

: DSP and Digital Filters (2017-10126)
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Polynomial Approximation

13: Resampling Filters SUppOSe P — 50 and H(Z) haS Ol’del’ M — 249 A o @"lp i

o Resamp"ng @1 IJ(Z) y[’] uses hLiQJ mod P[r

o Halfband Filters H (z) is lowpass filter with wq & ol r=O:R

@ Dyadic 1:8 Upsampler hp,é[}]j @*lp R=(M+1)/P-1

—

—

T
50
@ Rational Resampling

® Arbitrary Resampling +

® Polynomial Approximation

® Farrow Filter +

® Summary

® MATLAB routines

M=249, =6.5

0 50 100 150 200
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Polynomial Approximation

—

LT Suppose P = 50 and H (z) has order M = 249 dl oy @l

@ Resampling @1 [i] uses Ai0) mod PL7"

® Halfband Fiters H (z) is lowpass filter with wg ~ <5 il o
@ Dyadic 1:8 Upsampler hp,é[}]j @*lp R=(M+1)/P-1

o Rational Resampling Split into 50 filters of length R 4+ 1 = 4+L — 5:

® Arbitrary Resampling +

—

® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

M=249, =6.5

0 50 100 150 200
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Polynomial Approximation

3. Resamping Flters Suppose P = 50 and H (z) has order M

® Resampling

® Halfband Fitrs H (z) is lowpass filter with wg ~ <5
@ Dyadic 1:8 Upsampler

o Rational Resampling Split into 50 filters of length R 4+ 1 = 4+L — 5:
S ooy Reamons h,[0] is the first P samples of h[m]

249 e
@l H,(2) vli] uses o) mod PL7]

holr) = r=0:R
hp,é[;']j @*lp R = (M+1)/P-1

® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

M=249, =6.5

0 50 100 150 200
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Polynomial Approximation

P Suppose P = 50 and H(z) has order M = 249 )@t

0 c . YLL]1 uSes A1l ig|mod PLV
o Halfband Filtrs H (z) is lowpass filter with wg ~ <5 i) r—0x
@ Dyadic 1:8 Upsampler L. . +1 hp,Q[r]:z @"lo R=(M+1)/P-1
o Rational Resampling Split into 50 filters of length R + 1 = =2= = .
® Arbitrary Resampling + 3 c
® Polynomial Approximation hp [O] IS the fIrSt P Samples Of h[m]
o Farrow Fier - h,[1] is the next P samples, etc.
® Summary
® MATLAB routines

2 3

h [0] h[1]
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Polynomial Approximation

L Suppose P = 50 and H(z) has order M = 249 dn s @l
@ Resampling @1 i )y[i] uses /1.ig) mod p[7]
® Halfband Fitrs H (z) is lowpass filter with wg ~ <5 i) i
@ Dyadic 1:8 Upsampler o ] hp o[ @Flo = (M+1)/P-
o Rational Resampling Split into 50 filters of length R + 1 = TH = 9. ’
® Arbitrary Resampling & . .
® Polynomial Approximation hp [O] IS the fIrSt P Samples Of h[m]
o Farrow Fifer - h,[1] is the next P samples, etc.
® Summary
@ MATLAB routines hp [,r] = h[p —I’ TP]

2 3

h [0] h[1]
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Polynomial Approximation

P Suppose P = 50 and H(z) has order M = 249 bl g @i

o 0 o YLi] uses Ao mod LT
 Halfoand Filters H (z) is lowpass filter with wg ~ <5 lrl e
@ Dyadic 1:8 Upsampler L ] +1 hp,é[}]j @*lp R = (M+1)/P-1
o Rational Resampling Split into 50 filters of length R + 1 = =2= = .
® Arbitrary Resampling + 3 c
® Polynomial Approximation hp [0] IS the fIrSt P Samples Of h[m]
® Farrow Filter + h,[1] is the next P samples, etc.
® Summary
® MATLAB routines hp [r] — h[p —I— TP]

Use a polynomial of order L to 5 3
approximate each segment: @

hplr] = fr(B)with0 < & < 1

h,[0] h[1]
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Polynomial Approximation

S Suppose P = 50 and H(z) has order M = 249 il ol @ i
® Resampling @1 i )y[i] uses /o) mod P[7]
o Halfband Filtrs H (z) is lowpass filter with wg ~ = ] B
@ Dyadic 1:8 Upsampler L ] 50 +1 hp,é[}]j @*lp R = (M+1)/P-1
o Rational Resampling Split into 50 filters of length R + 1 = =2= = .
® Arbitrary Resampling + 3 c
® Polynomial Approximation hp [O] IS the fIrSt P Samples Of h[m]
o Farrow Fier - h,[1] is the next P samples, etc.
® Summary
® MATLAB routines hp [r] — h[p —I— TP]

Use a polynomial of order L to 5 3

approximate each segment: @
hplr] = fr(B)with0 < & < 1 -

h,[0] h[1]

h|m/| is smooth, so errors are low. -.
E.g. error < 1073 for L = 4 m

error

0 50 100 150 200
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13: Resampling Filters

Polynomial Approximation

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

Suppose P = 50 and H (z) has order M = 249
H (z) is lowpass filter with wg ~ <5
Split into 50 filters of length R + 1 = TH = 9.

h,|0] is the first P samples of h[m)]
h,[1] is the next P samples, etc.

hyplr] = hlp + rP)]

Use a polynomial of order L to
approximate each segment:
hplr] = fr(B)with0 < & < 1

E
h|m/| is smooth, so errors are low.
E.g. error < 1073 for L = 4
e Resultant filter almost as good
)
T

o] @ il
@l Hy(2) v[i] uses Mg mod PI7]
holr] =0

R Y

o @ R=(M+1)/P-1

h [0] h[1]

error

50

100 150 200

Farrow with L=4
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13: Resampling Filters

Polynomial Approximation

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

Suppose P = 50 and H (z) has order M

H (z) is lowpass filter with wg ~ <5

Split into 50 filters of length R + 1 = TH
h,|0] is the first P samples of h[m)]
h,[1] is the next P samples, etc.
hp|r] = hlp + rP]

Use a polynomial of order L to
approximate each segment:

hplr] = fr(B)with0 < & < 1

h|m/| is smooth, so errors are low.
E.g. error < 1073 for L = 4

e Resultant filter almost as good
e Instead of M + 1 = 250
coefficients we only need
(R+1)(L+1)=25

249 Al o) @ i
@l Hy(2) v[i] uses Mg mod PI7]
holr] =0

) ¢ iy
5 o[ @7y b

2 3

: M=249; B=6.5

h [0] h[1]
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Polynomial Approximation

P —— Suppose P = 50 and H(z) has order M = 249 dil s @
e Resampling . . ' @l ()y[z] e
® Halfband Fiters H (z) is lowpass filter with wg ~ <5 il g
@ Dyadic 1:8 Upsampler L ] +1 hp,é[}]j @*lp R = (M+1)/P-1
o Rational Resampling Split into 50 filters of length R + 1 = =2= = .
e hp|0] is the first P samples of h[m]
® Farrow Fiter + h,[1] is the next P samples, etc.
® Summar
® MATLAByroutines hp [r] = h[p —I’ TP]
Use a polynomial of order L to 5 3
approximate each segment: @
[ ] fr( )Wlth 0< p <1 _ 1 5 | M=249; $=6.5
%0-5 h [0] L1/ Nh3] | h4]
h|m/| is smooth, so errors are low. o 1;)0 1330 2;0
E.g. error < 1073 for L = 4 m
1x10' —
e Resultant filter almost as good 5 0 \
[ |nStead Of M —|— ]_ = 250 0 50 100 150 200
coefficients we only need _ _28 W, Farrow with L=4
(R+1)(L+1)=25 i%;-gg
where 80
R+1= 2 max (1, §) o1 2 3

' DSP and Digital Filters (2017-10126) Resampling: 13—7/10



Farrow Filter +
P Filter coefficients depend on fractional part of i%: R+1=4t =5
® Halfband Filters g
@ Dyadic 1:8 Upsampler A [Z] — Z% —nNn Where n = \‘Z %J MHA(Z)#
" Moty eeaming - A[7] 1@
® Polynomial Approximation T %(A)a s 7ﬁ3(A)]
® Farrow Filter 1+ @ /

® Summary
® MATLAB routines
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Farrow Filter +

A Filter coefficients depend on fractional part of i% : R+1=4H =5
® Halfband Filters g
@ Dyadic 1:8 Upsampler A [Z] — Z% —nNn Where n = \‘Z %J MHA(Z)#
@ Rational Resampling /

| ! . I @/
® Arbitrary Resampling e . . A[l]
) zolynorrlli-latl Approximation y [Z] p— Zfzo f’l“ (A [Z] )[L’ [’n, — ’r'] @T/ %(A)a e 9ﬁ3(A)]
® Summary

® MATLAB routines
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Farrow Filter

13: Resampling Filters . . 0 .

S —— Filter coefficients depend on fractional part of ¢ % ;
e Halfband Filters 3 . Q . Q

@ Dyadic 1:8 Upsampler A ['L] —/ ? —nNn Whel’e n=»|1 ?

@ Rational Resampling

® Arbitrary Resampling +

e Polynomial Approximation y[@] — Zf:o fr( A[Z])ZC[TL _ f,a]

sy + where f,.(A) = Zszo by [r] A!

® MATLAB routines

_ M+1 __
R+1=Mt _j5

x[n] @1 Hy2)h ﬁ[i]
Al T @/

Ali]
@’ o(A), ..., fr(A)]
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Farrow Filter

13: Resampling Filters . . 0 .

S —— Filter coefficients depend on fractional part of ¢ % ;
e Halfband Filters 3 . Q . Q

@ Dyadic 1:8 Upsampler A ['L] —/ ? —nNn Whel’e n=»|1 ?

@ Rational Resampling

® Arbitrary Resampling +

e Polynomial Approximation y[@] — Zf:o fr( A[Z])ZC[TL _ f,a]

® Farrow Filter +

S Sy where f,.(A) = Zszo b[r] A

yli] = 300 o S bilr] Al z(n — 7]

_ M+1 __
R+1=Mt _j5

x[n] @1 Hy2)h ﬁ[i]
Al T @/

Ali]
@’ o(A), ..., fr(A)]
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Farrow Filter

13: Resampling Filters . 1 0 .

. Resamp,?ngg Filter coefficients depend on fractional part of 2 % ;
e Halfband Filters 3 . Q . Q

@ Dyadic 1:8 Upsampler A ['L] —/ ? —nNn Whel’e n = \"L ?J

@ Rational Resampling

® Arbitrary Resampling + ) R )

® Polynomial Approximation y [Z] p— Z’I"—O f’l“ (A [Z] )Qj [n — ’]”]

® Farrow Filter 1+ _ L I

® Summary Where fr (A) — ZZZO bl [T] A

® MATLAB routines

ylil = Yoo S bi[r] Al zln — 7]
= o AL S g bilr]a[n — 7]

+
R+1=Mtl =5
x[n] @1 Hy2)h il
T @'/

Ali]]
@’ o(A), ..., fr(A)]
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Farrow Filter +

P Filter coefficients depend on fractional part of i%: R+1=Mtl =5
® Halfband Filters g
@ Dyadic 1:8 Upsampler A ['L] — Z% —nNn Whel’e n = \"L %J MHA(Z)#
@ Rational Resampling /

| | . 1T @/o
® Arbitrary Resampling e . . A[l
) zolynorrlli-;atl Approximation y[@] p— Zfzo f’l“ (A[Z] )Qf[n — ’r’] @T/] %(A)a . 9ﬁ3(A)]
o Summary where f.(A) = Zszo by [r] A!

® MATLAB routines

ylil = Yoo S bi[r] Al zln — 7]
=S o Al S g bilr]a[n — 7]
= Y10 Ali)vui[n]
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13: Resampling Filters

Farrow Filter

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter 1+
® Summary

® MATLAB routines

Filter coefficients depend on fractional part of i%:

P P

ylil = 3Lo fr(Ali)z[n — 1]
where f.(A) = ZZL:O b[r] A

ylil = Yoo S bi[r] Al zln — 7]
=S o Al S g bilr]a[n — 7]
= Y10 Ali)ui[n]

where v;[n] = b;[n] * x[n]

Ali] = i% — n where n = PQJ

+
R+1=Mtl =5
x[n] @1 Hy2)h il
T @'/

Ali]]
@’ o(A), ..., fr(A)]
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13: Resampling Filters

Farrow Filter

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter 1+
® Summary

® MATLAB routines

Filter coefficients depend on fractional part of i%:

P P

ylil = Sl Fr(Afi)z[n — 7]
where f.(A) = ZZL:O b[r] A

ylil = Yoo S bi[r] Al zln — 7]
=30 ALY bufr]aln — 7]
= Y10 Ali)ui[n]

where v;[n] = b;[n] * x[n]

Ali] = i% — n where n = PQJ

+
R+1=M% =5
x[n] @l Hy2)h ﬁ[i]
Al 1T @/o
@’ [fo(A), ..., fr(A)]
x[n]@1 Bo(2)

*

Bl(Z)

*

Bz(Z)

*

Bs(2)

—B1(2)
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13: Resampling Filters

Farrow Filter

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter 1+
® Summary

® MATLAB routines

Filter coefficients depend on fractional part of i%:

P P

ylil = Sl Fr(Afi)z[n — 7]
where f.(A) = ZZL:O b[r] A

ylil = Yoo S bi[r] Al zln — 7]
=30 ALY bufr]aln — 7]
= Y10 Ali)ui[n]

where v;[n] = b;[n] * x[n]

Ali] = i% — n where n = PQJ

Horner's Rule;

ylil = vo[n] + A (v1[n] + A (va[n] + A(---)))

+
R+1=M% =5
x[n] @l Hy2)h ﬁ[i]
A T @/
@’ [fo(A), ..., fr(A)]
x[n]@1 Bo(2)

*

*

*

Bl(Z)

Bz(Z)

Bs(2)

Bi(z)
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13: Resampling Filters

Farrow Filter

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter 1+
® Summary

® MATLAB routines

Filter coefficients depend on fractional part of i%:
Ali]l = i% — n where n = {Z%J
) R )
yli] = >0 fr(Afi])z[n — r]
where f.(A) = ZZL:O bi[r] A

ylil = Yoo S bi[r] Al zln — 7]
=30 ALY bufr]aln — 7]
= Y10 Ali)ui[n]

where v;[n] = b;[n] * x[n]

Horner’s Rule:
yli] = vo[n] + A (v1]n] + A (v2[n] + A(---)))

Multiplication Rate:
Each B;(z) needs R + 1 per input sample
Horner needs L per output sample

+
R+1=M% =5
x[n] @l Hy2)h ﬁ[i]
Al 1T @/o
@’ [fo(A), ..., fr(A)]
x[n]@1 Bo(2)

*

Bl(Z)

*

Bz(Z)

*

Bs(2)

—B1(2)
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13: Resampling Filters

Farrow Filter

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter 1+
® Summary

® MATLAB routines

Filter coefficients depend on fractional part of (4

Afi] = i — nwhere n = {Z%J |
yli] = X5, fr(Al)zln — 7
where f.(A) = ZZL:O b[r] A

ylil = Yoo S bi[r] Al zln — 7]
=30 ALY bufr]aln — 7]
= Y10 Ali)ui[n]

where v;[n] = b;[n] * x[n]

Horner’s Rule:
yli] = vo[n]+ A (v1]n] + A (v2[n] + A(---)))

Multiplication Rate:
Each B;(z) needs R + 1 per input sample
Horner needs L per output sample

Total: (L + 1) (R4 1) fo + Lf, = 2TEH ) max (1}“—9;) fo+ Lf,

+
R+1=M% =5
x[n] @l Hy2)h ﬁ[i]
Al 1T @/o
@’ [fo(A), ..., fr(A)]
x[n]@1 Bo(2)

*

Bl(Z)

*

Bz(Z)

*

Bs(2)

—B1(2)
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Farrow Filter +
P Filter coefficients depend on fractional part of i 2 R+1=%t =5
:;j:(tj)?(\:nf:::j:ssampler A[Z] — Z% —nNn Where n — \‘Z%J MHA(Z)#
) Rational Resampli.ng . L @ /Q
@ Arbitrary Resamplin + A
:E:Irxrfgv?lrzi;::«pprgxirsatiorl y[@] = Zf:o fT(A[Z])ZC[TL — T ] @[T}/] [fO(A)a .- afR(A)]
o summary where f.(A) = Zszo bi[r] A
. R L, .
yli] = Zzzo 210 bzl[%r]A[Z]lw[n — 7] Al o[
— ZZL:O A[i]l D reo bi[r]z[n — 7] 50
= 2120 ALl ui[n] :
where v; [n] = bl [n] X x[n] $- B>(z)
[like a Taylor series expansion]
H B3(2)
Horner’s Rule:
yli] = vo[n] + A (v1]n] + A (v2[n] + A(---))) )
Multiplication Rate: .
Each B;(z) needs R + 1 per input sample R+1 % 77 max

Horner needs L per output sample
Total: (L + 1) (R4 1) fo + Lf, = 2TEH ) max (1, %) fo+ Lf,
| Y |
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Summary
13;9”’“"_’””9 Flers e Transition band centre at wy
® Resampling
o Halband Filters o wo = the lower of the old and new Nyquist frequencies

@ Dyadic 1:8 Upsampler .y . .
o Rational Resampling o Transition width = Aw = 2awy, typically o =~ 0.1
® Arbitrary Resampling +

® Polynomial Approximation

® Farrow Filter +

® Summary

® MATLAB routines
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Summary
13;“"”“"_’””9 Flers e Transition band centre at wy
® Resampling
o Halband Filters o wo = the lower of the old and new Nyquist frequencies

® Dyadic 16 Upsampler o Transition width = Aw = 2awy, typically a ~ 0.1

@ Rational Resampling

® Arbitrary Resampling +

o Polynomial Approximation e Factorizing resampling ratio can reduce computation
Qs : o halfband filters very efficient (half the coefficients are zero)

® Summary
® MATLAB routines
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Summary
13;“3'“"_’””9 Flers e Transition band centre at wy
® Resampling
o Halband Filters o wo = the lower of the old and new Nyquist frequencies

@ Dyadic 1:8 Upsampler

o Transition width = Aw = 2awy, typically o =~ 0.1

@ Rational Resampling

® Arbitrary Resampling +

e Factorizing resampling ratio can reduce computation

® Polynomial Approximation

Qs : o halfband filters very efficient (half the coefficients are zero)
® Summary
© MATLAB routines e Rational resampling xg

2.7

o # multiplies per second: = max (fy, fz)
o # coefficients: 2T max (P, Q)
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Summary
13;“3'“"_’””9 Flers e Transition band centre at wy
® Resampling
o Halband Filters o wo = the lower of the old and new Nyquist frequencies

@ Dyadic 1:8 Upsampler

o Transition width = Aw = 2awy, typically o =~ 0.1

@ Rational Resampling

® Arbitrary Resampling +

e Factorizing resampling ratio can reduce computation

® Polynomial Approximation

Qs : o halfband filters very efficient (half the coefficients are zero)
® Summary
© MATLAB routines e Rational resampling xg

o # multiplies per second: 77 max (fy, fz)

o # coefficients: 2T max (P, Q)

e Farrow Filter
o approximate filter impulse response with polynomial segments
o arbitrary, time-varying, resampling ratios
. . 2.7(L+1) fo
o # multiplies per second: == max (fy, fz) X yla Lf,
Y

> &~ (L+ 1) f—m times rational resampling case

# coefficients: 2L max (P, Q) x £t
coefficients are mdependent of f, when upsampling
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Summary
13;“"”“"_’””9 Flers e Transition band centre at wy
® Resampling
o Halband Filters o wo = the lower of the old and new Nyquist frequencies

@ Dyadic 1:8 Upsampler

o Transition width = Aw = 2awy, typically o =~ 0.1

@ Rational Resampling

® Arbitrary Resampling +

e Factorizing resampling ratio can reduce computation

® Polynomial Approximation

Qs : o halfband filters very efficient (half the coefficients are zero)
® Summary
© MATLAB routines e Rational resampling xg

e . 2.7
o # multiplies per second: = max (fy, fz)
o # coefficients: 2T max (P, Q)

e Farrow Filter
o approximate filter impulse response with polynomial segments
o arbitrary, time-varying, resampling ratios
. . 2.7(L+1) fo
o # multiplies per second: == max (fy, fz) X yla Lf,
Y

> &~ (L+ 1) f—m times rational resampling case

# coefficients: 2L max (P, Q) x £t
coefficients are mdependent of f, when upsampling

For further details see Mitra: 13 and Harris: 7, 8.
| |
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13: Resampling Filters

MATLAB routines

® Resampling

® Halfband Filters

@ Dyadic 1:8 Upsampler

@ Rational Resampling

® Arbitrary Resampling +
® Polynomial Approximation
® Farrow Filter +
® Summary

® MATLAB routines

gcd(p,q) Find ap 4+ Bq = 1 for coprime p, q
polyfit Fit a polynomial to data
polyval Evaluate a polynomial
upfirdn Perform polyphase filtering

resample Perform polyphase resampling
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