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Alternative approach using direct 1:8 upsampling:
∆ω = 0.05π ⇒ M = 110⇒ 111fx multiplications (using polyphase)
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Suppose P = 50 and H(z) has order M = 249
H(z) is lowpass filter with ω0 ≈ π

50

Split into 50 filters of length R + 1 = M+1
P

= 5:
hp[0] is the first P samples of h[m]
hp[1] is the next P samples, etc.
hp[r] = h[p+ rP ]

Use a polynomial of order L to
approximate each segment:
hp[r] ≈ fr(

p
P
) with 0 ≤ p

P
< 1

h[m] is smooth, so errors are low.
E.g. error < 10−3 for L = 4

• Resultant filter almost as good
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h[m] is smooth, so errors are low.
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• Resultant filter almost as good
• Instead of M + 1 = 250

coefficients we only need
(R+ 1)(L+ 1) = 25
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hp[1] is the next P samples, etc.
hp[r] = h[p+ rP ]

Use a polynomial of order L to
approximate each segment:
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p
P
) with 0 ≤ p

P
< 1

h[m] is smooth, so errors are low.
E.g. error < 10−3 for L = 4
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• Instead of M + 1 = 250
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:
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Multiplication Rate:
Each Bl(z) needs R+ 1 per input sample
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◦ ω0 = the lower of the old and new Nyquist frequencies
◦ Transition width = ∆ω = 2αω0, typically α ≈ 0.1

• Factorizing resampling ratio can reduce computation
◦ halfband filters very efficient (half the coefficients are zero)

• Rational resampling ×P
Q

◦ # multiplies per second: 2.7
α

max (fy, fx)
◦ # coefficients: 2.7

α
max (P, Q)
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• Factorizing resampling ratio can reduce computation
◦ halfband filters very efficient (half the coefficients are zero)

• Rational resampling ×P
Q

◦ # multiplies per second: 2.7
α

max (fy, fx)
◦ # coefficients: 2.7

α
max (P, Q)

• Farrow Filter
◦ approximate filter impulse response with polynomial segments
◦ arbitrary, time-varying, resampling ratios

◦ # multiplies per second: 2.7(L+1)
α

max (fy, fx)×
fx
fy

+ Lfy

⊲ ≈ (L+ 1) fx
fy

times rational resampling case

◦ # coefficients: 2.7
α

max (P, Q)× L+1
P

◦ coefficients are independent of fy when upsampling
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• Transition band centre at ω0

◦ ω0 = the lower of the old and new Nyquist frequencies
◦ Transition width = ∆ω = 2αω0, typically α ≈ 0.1

• Factorizing resampling ratio can reduce computation
◦ halfband filters very efficient (half the coefficients are zero)

• Rational resampling ×P
Q

◦ # multiplies per second: 2.7
α

max (fy, fx)
◦ # coefficients: 2.7

α
max (P, Q)

• Farrow Filter
◦ approximate filter impulse response with polynomial segments
◦ arbitrary, time-varying, resampling ratios

◦ # multiplies per second: 2.7(L+1)
α

max (fy, fx)×
fx
fy

+ Lfy

⊲ ≈ (L+ 1) fx
fy

times rational resampling case

◦ # coefficients: 2.7
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◦ coefficients are independent of fy when upsampling

For further details see Mitra: 13 and Harris: 7, 8.
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DSP and Digital Filters (2017-10126) Resampling: 13 – 10 / 10

gcd(p,q) Find αp+ βq = 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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