8/30/2007

Physical and Behavioral Circuit
Modeling of the SA2 Sampler

David TYYeh JohnNolting, Julius O. Smith

Center for Computer Research in Music and
Acoustics (CCRMA), Stanford University,
Stanford, CA USA

ICMC 2007 Copenhagen, Denmark

©2007 Davidveh August 30, 2007 CCRML

What is the SR 2

Drum machine sampler and sequencd Often used as signal processing for

27.5 kHz sampling rate (Fs) RNHzy &2dzyRa G2 I RR
GINRUE

o o I

192kBwavetable RAM
i Total 5 sec

i Each continuous sound limited to 2.5
sec

24 internal sounds loaded from ROV
8 user sounds can be sampled from
analog input
32 pitch adjustment (in haffteps), anc
decay envelope settings
8 output channels

1 Each with different equalization

T Output 1, 2 are direct ZOH output

T Outputs 7, 8 have dynamic filter (VCI
constant Q, exponentially swept
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Digital Model of the SB2

A Analyze signal path of the 9P

A Implement digitally
i Anti-aliasing filter
Quantization

i
i
T Sampling
i

i

i

Input filter

1 —>?—>

Fs=96kHz

Tuning and decay envelope
Zero Order Hold
Time varying filter (Voltage Controlled Filter)

Quantization (12 bits)

> | and

Tuning

Decay

Sampling (Fs=27.5kHz)
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Output filter

>\

D/A
Zero Order Hold
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Digital Model of the SB2 examples

Original sample
BasdDrum SP12
Bass DrunMatlab

No tune

Tune hi

Tunelow

VCF

Snare Drum SP2
Snare DrunMatlab

Crash SR2
CrashMatlab

External sound examples:

Go to web table

Il Bass SR2
Il BassMatlab

Bass & Guitar SP2
Bass & Guitar Mat

LoopmeasSR12

LoopmeasMatlab
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Anti-Alias and Equalization Filters

A Fixed filtersc no parameters ° | \
A Analyzed in SPICE 2001 S0 orger
T AC simulation 1t order ft

i Export frequency response of input to
output transfer function

A Design filters itMatlab

Magnitude (dB)
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T Useinvfreqz to design digital filter 80 v
i Increase order until good fit in band oo
i Oversample at 96 kHz for easier fit 0 ® ey 1 2
requency (kHz)
A Input antialias filters: & order B |, \
A Excellent fit through 20 kHz for input 00f——tuhoderii \ \
anti-alias at order 11. Lower orders _ s
may be sufficient as well. . \ \

A At Fs/2=13.75 kHz, onig0 dB
attenuation-> significant aliasing
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Output Equalization Filters

——SPICE

s \\ —morderte
A Output equalization are 2 stage ™ \
o 315
SallenKey active filters. I \
i Total of 4" order. 225
i Fs =48 kHz
i 4% order fit is good through 20 kHz.
0 5 10 15 20
Frequency (kHz)
A Attenuation at Fs/2 = 13.75kHz ** \ :EEIE%H;?‘
. 100 ~— 4th order fit
is-23 dB . N
i Incomplete rejection of spectral % . \\\\
images £ .
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|deal interpolation and sampling

A Signal processing rate is 96 kHz. Must convert to 275 kHz
and simulate the sampling procesgth correct aliasing.

A Interpolate to time grid of 27.5 kHz
T Resample to multiple of 27.5 kHz for oversampling

A Downsamplalirectly with no additional antalias filter
i Previously antaliased by SmRH Q& FAf (0 SNJ

Interpolation filter

A -AAA--AAS

Bandwidth = 20k, Fs = 96k Resample to Fs = 55k Fs = 27.5k
ICMC 2007 Copenhagen, Denmark

A/D conversion

A Successive approximation
T Binary search for analog signal in digital representation
A Assumed ideal due to accuracy of process
T Single comparator, D/A usually accurate
A 6 dB per bit, 12 bits = 72 dB SNR
A Quantization generates harmonic distortion

— Nth bit

in —— 1

> — 0 out
1
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D/A conversion: Zero Order Hold

TT.T* = ]

. . l rect width T,
Discretetime impulses delayed T/2
A Convolution of samples
with delayedrect
. . o , A Staircase output Much
Discretetime rect for digital implementation aliasing remains

Repeat each sample byNfor an oversampling rate of N
ICMC 2007 Copenhagen, Denmark
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Zero Order Hold

A Zero Order Hold (ZOH) 2

A Simple method of D/A conversion ) \
(converts impulse train to continuous \\
time signal) ©

A Digitally, repeat each sample N times | |

A Equivalently, filtering by a frequency 125 \
aliasedsinc 0% 5 0 s 20

Frequency (kHz)

/

Magnitude (dB)

z
P

T Sincplotted to 20 kHz for various
discretetime rect of width N.

A Digital ZOH has frequency domain
error, but is inherently oversampled
to minimize errors at lower
frequencies

T At N=4, error through 20 kHz is s
<0.5dB ///
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Magnitude error (dB)
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Drum tuning

A Waveform table IS held wav Fractional reagbtr
in memory <— addr  frac

A Move read pointer by a
fractional amount and
round or truncate to
nearest address

A Creates complicated
aliasing type patterns
and introduces high
pitched components to
sound character
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Spectrograms of tuning algorithm

Skip =1 Skip = 1.5

10 10

Freq (kHz)
Freq (kHz)
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0 0.5 1 1.5 2 0 0.5 1 1.5 2
Time (sec) Time (sec)
A Linear sweep from-@0kHz. SKip = 0.64062
A Fractional tunings produce various
granularities of chautink-fencelike 10

patterns
A Tuning algorithm also changes
length of waveform

A SP12 has 32 different tuning
settings with various skip amounts
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