












































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































Delta-Sigma Techniques

ship between samples. Averaging filters ignore
this information.

Figure B4 illustrates how an FIR filter actually
implements the impulse response. The two basic
operations are multiplication (indicated by ®) and
addition - or accumulation - (indicated by X). Fil-
ter coefficients a, to a, represent the impulse
response. The three unit delay elements insure
that each output is calculated using the current
input sample and the three previous samples. The
filter’s input, x(n), and output, y(n), are digital
words of any length. (For the CS5317, x(n) is 1-
bit and y(n) is 16-bits). Each digital output
requires one complete convolution. For the 4 -
order filter shown in Figure B4, one convolution
consists of four multiplications and the accumula-
tion of the four products.

FIR filters are often described in terms of zaps.
This terminology hails back to analog transversal
filters, which were basically analog implementa-
tions of the filter in Figure B4. The analog delay
elements were termed taps. The number of taps
indicated the filter’s impulse duration. The longer
the duration, the more powerful the filter.

Decimation

Digital filters often operate with input sampling
rates well above the bandwidth of interest. This
serves to minimize analog anti-alias filtering re-
quirements. The filter’s output rate, however, is

x(n)

2,

L z |
N-1
I> Unit Delay Elements y(n) =A a, x(n-i)
i=0

Figure B4. 4™-order FIR Filter

generally dropped to a more manageable system
sampling rate. Any reduction in sampling rate is
termed decimation.

To illustrate the decimation process lets return to
averaging. A filter which collects ten samples and
then averages them to produce one output
decimates by ten. That is, for an input rate of fs,
the output rate is fs/10." Alternatively, one could
use a "rolling average." For each input sample
received, an output would be calculated using that
sample and the nine previous samples. The sam-
pling rate would therefore remain at fs with no
decimation.

The 4th-order FIR filter in Figure BS exhibits the
same filter response as that in Figure B4, but
decimates by a factor of four. In this case, only
one multiplication is performed per input cycle.
Without any delay elements, the accumulator
needs four input cycles to complete one convolu-
tion. Output samples are therefore produced at
fs/4. Decimation clearly relaxes computational
complexity.

Decimation does not affect overall signal-to-noise
or dynamic range. For this reason, one can
decimate the CS5317’s 20 kHz output (by selec-
tively reading a fraction of the available samples)
without affecting the converter’s noise. However,
a digital signal is normally not decimated if addi-
tional filtering is to be used to increase dynamic
range (and resolution). All noise energy in a

. ao
Circulatin, ici
ngre;sg 2, | Coefficient
Generator 2] ROM
az
f f. /4
x(n) s Z s, y(n)

Figure B5. 4"-order FIR Filter with 4X Decimation
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Delta-Sigma Techniques

sampled signal lies between dc and one-half the
sampling rate. Lower sampling rates therefore ex-
hibit larger noise densities in the bandwidth of
interest for a given amount of noise energy due to
aliasing.

FIR Characteristics

The only source of inaccuracy in digital filters is
rounding errors due to finite word lengths in the
computations. If properly designed, a digital filter
will not induce linearity, offset, or gain errors.

Aside from their simplicity, FIR filters’ most
popular characteristic is their ability to implement
perfectly linear phase filters. The effect of every
input sample on the output is always seen a fixed
number of cycles later. This processing delay
from input to output is termed the filter’s group
delay, and can be shown to equal one-half the im-
pulse response duration.

Unfortunately, FIR filters can only implement
zeroes, no poles. Roll-off is therefore limited. Of
course, this limitation can be overcome by cas-
cading FIR filters to produce an extraordinarily
long impulse duration. (Fortunately stability is
not an issue with FIR filters). The trade-off,
though, is an extraordinarily long group delay.

1IR Filters

Infinite Impulse Response filters, on the other
hand, can implement zeroes and poles to achieve
high roll-off. Unlike FIR filters, which use pre-
vious inputs to calculate an output, IIR filters also
utilize historical output information to calculate
each new output. In this manner, IIR filters can
implement mathematical filter equations with
variables in the denominator (that is, poles).

The only drawback to IIR filters is their computa-
tional complexity. Since their computations use
historical information on their past outputs, each
output must be calculated. That is, unlike FIR fil-
ters an IIR filter cannot decimate to reduce

computational complexity. Therefore, IIR filters
generally operate with lower sampling rates.

The CS5317 Voice-band A/D Converter
Implementation

The CS5317 uses oversampling, decimation, and
FIR filtering to implement its digital filter. The
(CS5317 samples its analog input at 2.5 MHz (for
a full-rated 5 MHz master clock). This high over-
sampling ratio of 500:1 (2.5 MHz sampling/5
kHz bandwidth) reduces external analog anti-alias
requirements.

The FIR filter decimates the sampling rate from
2.5 MHz to 20 kHz to reduce computational com-
plexity. The filter features an impulse response
duration of 384 x 2.5 MHz and a decimation ratio
of 128 (2.5 MHz:20 kHz). Since the filter does
not decimate by 384 as shown in Figurc B5, mul-
tiple convolutions must be in process
concurrently. To achieve this, the CS5317 uses
three accumulators working from a single 384-
word coefficient memory. The three convolutions
are spaced to begin and end 128 samples apart.
Thus, a new 16-bit output sample becomes avail-
able every 128 input samples (for a decimation
ratio of 128) whereas each 16-bit output is calcu-
lated using 384 input samples (for an impulse
response duration of 384).

The CS5501 dc Measurement A/D Converter
Implementation

The CS5501 uses oversampling, decimation, and
both FIR and IIR filtering to implement its 6-pole
Gaussian filter. The CS5501 samples its analog
input at 16kHz (for a full-rated 4.096MHz master
clock). This high oversampling ratio of 1600:1
(16kHz sampling/10Hz bandwidth) reduces and
most often eliminates external analog anti-alias
requirements.

The FIR filter is used to decimate the sampling
rate from 16kHz to 4kHz to reduce computational
complexity in the subsequent IIR filter. The FIR

AN10REV1
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filter response is not especially critical. Its only
goal is to reject energy within £10Hz bands
around integer multiples of 4kHz, the IIR filter’s
sampling rate.

The IIR filter is needed to implement the poles in
the 6M-order Gaussian filter and achieve high
roll-off of 120dB/decade. Its baseband filter
characteristics are shown on page 4. Note that the
filter’s entire frequency response can be scaled by
adjusting the master clock. The converter’s sam-
pling rate simply scales accordingly. With its
cut-off frequency set at 10Hz (4.096MHz master
clock) for maximized settling, the CS5501 offers
55dB rejection at 60Hz. With a 5SHz cut-off,
though, 60Hz rejection increases to greater than
90dB. Master clocks as low as 40.96kHz are ac-
ceptable, yielding cut-off frequencies as low as
0.1Hz.

The CS5326 Digital Audio A/D Converter
Implementation

Linear-phase finite-impulse-response (FIR) filters
are used for decimation. The 1-bit, 3.072 MHz
outputs of the modulators are decimated in steps
of 8, 4, and 2 to yield 16-bit, 48kHz results.

The decimation strategy includes two stages,
FIR1 and FIR2, whose primary responsibility is
attenuation of quantization noise prior to decima-
tion and aliasing. Modulator out-of-band
quantization noise spectral density is very high.
FIR1 and FIR2 use 17 and 18-bit coefficients to
attenuate this noise, and out-of-band input sig-
nals, into the converter noise floor. Filter orders
are 27 and 30, respectively.

A third stage, FIR3, performs passband shaping
and out-of-band signal attenuation. Passband fre-
quency response errors introduced by the
modulator, FIR1, and FIR2 are corrected by
FIR3. Overall filter passband ripple is thus
reduced to +0.001dB from dc to 22kHz. The
passband compensation function prevents the use
of a half-band filter for FIR3. Data is truncated to

Delta-Sigma Techniques

16 bits at the output, and this operation is the
major noise contributor in the system.

FIR1, FIR2, and FIR3 also combine to provide
antialiasing filtering. All analog input frequencies
from 26kHz to 3046kHz are attenuated by at least
86dB. Phase response is precisely linear.
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Semiconductor Corporation

CS5326 Interface

Application Note

CS5326 to DSP56000 Interface

By Clif Sanchez

This application note describes the interface
needed to connect the CS5326 to the Motorola
DSP56000 Digital Signal Processor.

Since the CS5326 is a stereo delta-sigma
oversampled analog-to-digital converter, it
requires three clocks: a master clock to sample
the analog input, a serial clock to shift out data,

and a left/right clock to select the channel. The
74HC590 synchronous counter from TI, along
with a couple of inverters, provide all the clocks
that the CS5326 requires. The output previous to
LR , QF, is used as a frame sync for the
DSP56000 and connects to SC2 which is
configured as FSr. For the DSP56000, the FSL
bit must be set equal to zero.

CLKIN[ >—e » CLKIN
74HC590 CS5326
QA 2 } > . 'SCLK » SCLK
&—» > CCK
FeYNG SDATA
—— > RCK
Qg l — /R
SCo SC2 SCK  SRD
or
SCt DSP56000/1
Figure 1. CS5326 to DSP56000 Connection Diagram
Crystal Semiconductor Corporation FEB 90
P.O. Box 17847, Austin, TX 78760 AN13REV2

(512) 445 7222 FAX: (512) 445 7581
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CS5326 Interface

If the DSP56000 serial port is in the synchronous
mode, then the serial port transmit and receive
sections used the same serial clock. This releases
two pins, SCO and SC1, and one can be
configured as an input flag indicating the channel,

left or right. They are latched in the DSP56000 at.

the same time as the MSB (see Figure 2) and can
be used to synchronize left/right pairs.

If a synchronous counter is not available, a
similar circuit can be constructed from a ripple
counter and latch as shown in Figure 3. Since the
D flip-flops provide inverted outputs, the output
inverters are not needed. But the 74HC4040
ripple counter’s clock must be inverted to give it
enough time, one full clock instead of one half
clock, to settle before the flip-flops latch the data.

CLKIN [

74HC4040
Qg 9 Q,

» CLKIN

74HC175

+64

L]

o)
Q

+128 D a—1—» LR
Q

—» SCLK

—» FSYNC

Figure 3. Alternate to 74HC590

sok U U U UL

soata__Itsfiefiafr2fitfio[ o[8[ 7[e]5[4]3]2[1]o]

SC2
(FSYNC)

SCo

HIER
[

|
v

Figure 2. CS5326 to DSP56000 Timing Diagram

]
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Semiconductor Corporation

CS5326/7/8/9

Application Note

CS5326/7/8/9 Low Frequency Operation

By Clif Sanchez

+5V
1‘4 74HC74

5 APD,DPD
>——51p S q >
3 6 TST2,TST3
R Q "
MCLK ] CLKIN
74HC161 UR
+5V 1 Q >
74HC163 e dr 2 sv
1 RE us | TSTH
R Q.14 2 L E-'
CLR3 o| U1 0 +5V EnT EnP ° =
L S 10| 7
EnT EnP 15 Q.=QnorQ
10 7 RGO X~ 707
1 14 0r 13
e o, SCLK
2 Uz +5V
510 CLK1 Lps L
12 s EnT EnP
I:)74HC74 0L 7
11 a 74HC161 -
R=Reset=Clear R DCLKA

S=Set=Preset

+5V ]213

This circuit places the CS5326/7/8/9 in test mode
6 and provides clocks with the proper frequencies
and relative phases to operate the converter at
speeds lower than specification.

In normal operation (i.e., not in a test mode), the
(CS5326/7/8/9 utilizes a phase lock loop circuit to
implement a 3X clock frequency multiplier, the
output of which paces the digital filter/
decimators. The limited range of the PLL results
in a lower bound to the speed of operation. The
ACLKA output is normally connected to the
DCLKA input, and it is this clock signal that is
the input to the 3X frequency multiplier.

In test mode 6, the 3X multiplier is disabled, and
the clock required for the digital filter/decimators

P0-P3 inputs on 161/3's tied low

is instead received directly on the DCLKA pin.
The lower bound on the speed of operation is
dramatically reduced (still non-zero due to
internal dynamic logic), but the DCLKA signal
frequency must be appropriately generated. The
requisite frequency is 1.5X the frequency of the
CLKIN signal. This ratio mimics the combination
of the divide-by-two between CLKIN and
ACLKA/DCLKA and the multiply-by-three
between ACLKA/DCLKA and the filter/deci-
mators’ clock that occurs in normal operation.

The master clock signal MCLK is used to drive a
divide-by-two counter to generate DCLKA and a
divide-by-three counter to generate CLKIN, and
to synchronize the PD (Power-Down) signal. The
latter is used to appropriately reset the phase of

Crystal Semiconductor Corporation
P.O. Box 17847, Austin, TX 78760
(512) 445 7222 FAX: (512) 445 7581

MAR 90
AN14REV3
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the counters as well as that of the delta-sigma
modulators in the CS5326/7/8/9 (this is done
through the use of the APD signal). In addition,
when PD falls, the complementary output of the
synchronizing flip-flop places the converter in
test mode 6 through the use of the TST2 and
TST3 pins. Note that the CS5326/7/8/9 should
not be placed in test mode 6 in the absence of
active clocks. In addition to powering down the
analog section, APD is used to synchronize the
start of ACLKA. DPD initiates an offset
calibration and can be controlled seperately from
APD. Since APD powers down the reference,
DPD should only occur at the same time or (at
any time) after APD is released. In test mode 6,
the serial data output during calibration is not all
zeros.

An additional_divider is used to generate the
SCLK and L/R signals which are derived from
CLKIN. The SCLK signal may be an inversion of

CS5326/7/8/9 Low Frequency Operation

either QO or Q1. Using Q1, though, results in an
SCLK frequency that can slightly raise the noise
floor of the CS5326/7/8/9 through interference
effects with the modulators. If receive circuitry
speed permits, QO should be used to clock out the
serial output data.

The resulting phases of the various clocks
generated by this circuitry is such that rising
SCLK edges and all L/R edges occur at falling
edges of DCLKA, as can be seen by refering to
the timing diagram. Furthermore, 1-bit data
transfers between the modulators and the
filter/decimators are correctlly timed. In normal
mode, this transfer is synchronized by the
ACLKA signal. In test mode 6, though, ACLKA
is not used (and should be left open), and the
correct timing is attained by setting the modulator
phase with APD, as described above. As a check,
it can be observed that falling edges of ACLKA
occur at rising edges of DCLKA.

MCLK 7 LT sfs
Z
PD Z
Z
APD,DPD é
Z
TST2,3 Z
- Z
ClRs | L] L I N
Z
CLKIN | 2 2fs
Z
ACLKA l | 7 L fs
(on CS5326/7/8/9) é
DCLKA | | | | l [ I l_g_l 3fs
Z
CLK1 ! ? l 2fs
Z
SCLK ———] l 7 s
Q= Qq) Z
SCLK 1 2 fs/2
Q= Qq) Z
= Z fs
Notes: 1. Qx = Qois recommended for SCLK to avoid adverse analog interference effects caused

by fs/2 signals.

2. L/R is a square wave with edges coincident with SCLK rising edges.

3. fsis analog sampling frequency.
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An 18-Bit Dual Channel Oversampling Delta-Sigma A/D Converter,
with 19-Bit Mono Application Example

Clifton W. Sanchez,
Applications Engineer

Crystal Semiconductor, Corp.
Austin, Texas
U.S.A.

This paper was presented at the 87th Audio Engineering Society Convention,
New York, October 1989

ABSTRACT

The architecture and performance of a stereo 18-bit delta-sigma analog-to-
digital converter are discussed. This 28-pin device contains dual delta-sigma
modulators and dual digital filters/decimators. Special emphasis is placed on
applications examples using the A/D converter in various common audio en-
vironments including AES/EBU integrated circuits and digital signal
processors. In addition, an example application is discussed in which the dual
channel 18-bit part is configured as a single 19-bit A/D converter yielding a
dynamic range of 100 dB.

0 INTRODUCTION

The benefits of using digital to store and process audio information are well documented[1];
however, the number of bits required to reproduce the analog signal to an acceptable level is still in
flux. Consumer products are standardizing on the 16-bit level[2] while professional equipment
manufacturers are asking for more[3,4].

Sec. 1 describes the architecture of the CS5328, a stereo 18-bit delta-sigma analog-to-digital (A/D)
converter. Sec. 2 illustrates the performance of the A/D converter under a variety of test conditions.

Also discussed is a 19-bit monaural example in which both input channels are tied together and the

output words are summed, achieving a dynamic range of 100 dB over the 0-20 kHz audio band.
Sec. 3 descnbes interfaces to common audio environments such as AES/EBU integrated circuits and
the Philips S bus, while Sec. 4 discusses DSP interfaces. Sec. 5 discusses a method of attaching the
channel indication, left or right, as a tag to the end of the serial data stream.

1 ARCHITECTURE

The architecture of the CS5328, as seen in Figure 1, consists of two one-bit delta-sigma
modulators[5] that oversample the analog input at a frequency that is 64 times the output word rate.
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Each delta-sigma modulator is followed by a 3-stage FIR filter. Dividing the filtering function into
three stages allows for an overall reduction in the number of required taps and incremental decima-
tion to arrive at the output word rate. The output of each channel is latched and multiplexed on the
SDATA pin under control of the L/R (left/right) signal. L/R also starts the convolution for the FIR
filters.

The digital filter response is illustrated in Figure 2 for a 48 kHz output word rate and has a stopband
rejection of greater than 86 dB. Since the filter is digital, the frequency response will scale with
clock frequency allowing the use of other sample frequencies. Table 1 lists the master clock frequen-
cy, passband edge, -3 dB point, and stopband edge for typical digital audio frequencies. An
expanded view of the passband showing less than 0.001 dB passband ripple appears in Figure 3
while the transition band is expanded in Figure 4.

2 PERFORMANCE

To test the A/D converter, the analog input of a CDB5328 evaluation board[6] is driven with a signal
generator having distortion lower than the A/D converter’s noise floor. Any distortion produced from
such a setup is assumed to be from the A/D converter[7]. For the FFT tests produced in this paper,
the analog input is either a Krohn-Hite Model 4400A or a Briiel & Kjer Type 1051. The data is col-
lected for 1024 consecutive samples. The FFT expects the sample set to be periodic; therefore, if the
samples at each end of the sample set do not align exactly, the FFT will produce distortion products
that don’t exist in the analog input. If the A/D converter were synchronized to the analog input, the
end points could be aligned, but to align to the 18-bit level is very difficult. Since the analog input is
not synchronized to the A/D converter, the time-domain samples are windowed to avoid discon-
tinuities at the end points. Windowing drives the end points to zero making the first point and last
point is the sample set equal. The window is a minimum 5-term which widens the fundamental and
harmonics, but doesn’t affect the specifications being tested such as S/N+D and dynamic range[8].
Since the noise is uncorrelated, sample sets of points can be averaged to produce a plot in which the
noise shape and low level harmonics are distinguishable. The noise spreads itself equally among the
frequency bins while the fundamental, harmonics, and tones present, if any, remain unchanged. The
data for this paper was gathered with a personal computer which also calculates the FFT[9].

2.1 CS5328 Results

A plot of 100 sample sets averaged, using the previously mentioned setup with an analog input at
full scale, appears in Figure 5. A full-scale input is not the optimum test for digital audio since any
excursions above full scale cause clipping and large distortions. Digital audio equipment usually
defines -10 dB as a maximum signal level to guardband against clipping. A signal 10 dB below full
scale would be a better test of an A/D converter for this environment. As can be seen from Figure 6,
a -10 dB signal shows slightly better performance than the full scale signal and the harmonics are
practically below the noise floor. In Figure 7 the input signal is 80 dB down from full scale and is
considered a more difficult test of A/D converter performance[10]. On-chip dither minimizes tones
that are normally associated with delta-sigma A/D converters. Figure 8 plots input signal level ver-
sus signal-to-(noise+distortion) for a 1, 10, and 20 kHz input signal. This plot illustrates the
(CS5328’s lack of significant distortion for low signal levels over the entire audio band.
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2.2 19-Bit Monaural Mode

The hardware illustrated in Figure 9 ties the two analog inputs together and adds the two 18-bit out-
puts, generating a 19-bit number. Utilizing the CDB5328 evaluation board, the serial data for each
channel is shifted into the serial-to-parallel converter during the first 18 serial clocks after L/R chan-
ges state and is then latched on the parallel output. The serial-to-parallel converter has a separate
shift register and latch so the parallel output is valid until the next parallel latch update. On the
evaluation board, the left channel data is latched 14 serial clocks before L/R falls and the adder cir-
cuitry latches the left channel on the falling edge of L/R. The right channel is latched on the
evaluation board 14 serial clocks before L/R rises. The two 18-bit numbers propagate through the
adder during the latter 14 serial clocks of the L/R low time and the 19-bit result is latched when L/R
rises.

The FFT plot in Figure 10 shows an improvement of approximately 3 dB using summed channels
over the single channel approach. The extra bit generates a 6 dB improvement since the signal level
is doubled, but the noise from the second channel invokes a 3 dB penalty. Figure 11 illustrates a 19-
bit FFT with the analog input down 60 dB. Notice the dynamic range for the 19-bit mono mode is
100 dB over the 0-20 kHz audio bandwidth.

3 TIMING IN AUDIO ENVIRONMENTS

In a typical audio environment such as CD, DAT, or digital audio workstations, the traditional
analog front end consists of an 11th-order Chebyshev anti-aliasing filter[11], followed by a sample-
and-hold (S/H), and completed by an A/D converter for each channel as shown in Figure 12a. The
timing section is required to synchronize the S/H, A/D converter, output multiplexer, and digital sig-
nal processing system. If oversampling is utilized, the diagram would look more like Figure 12b in
which oversampling by two decreases the anti-alias filter requirements to a 7th-order Butter-
worth[11]. This anti-aliasing filter provides better group delay characteristics than the traditional
approach. In 2X oversampling the A/D converter and S/H must be capable of operating twice as fast
as the traditional approach, and the timing section has to accommodate the decimation filter between
the A/D converter and the system. Figure 12c shows the analog front end using the CS5328 that
oversamples the analog input by 64 generating a sample frequency, Fs, of 64xOWR (output word
rate). The CS5328 requires frequencies of 128XxOWR for the master clock, 2<xOWR for the serial
data clock, and OWR for the L/R signal indicating the channel: left or right. The anti-aliasing filter
requirements are minimized to a single pole passive filter and the group delay characteristics for this
approach provide a flat delay over the entire passband. The high frequency clocks required are
usually available for other system functions and can be derived from a 74HCS590 synchronous
counter. :

3.1 Philips IS Bus

The "inter-IC sound" bus is a digital audio interface as defined by Philips[12]. The IS interface uses
word select, WS, (inverted L/R) to indicate both the channel and start of data. The data is output on
the falling edge of SCK one SCK cycle after WS changes state. In the configuration illustrated in
Figure 13, the 74HC590 counter is considered the master since it provides the word select and serial
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data clocks. The data output by the CS5328 must be delayed one SCLK cycle and is considered 32
bits in length with the receiving device ignoring unused bits as defined by the interface specifica-
tions. '

3.2 Sony Digital Interface

Both the CX23033 and CXD1211 from Sony Corp. are digital transmitting chips designed to send
would be straightforward if the A/D converter was only 16 bits because both interface ICs provide a
16-bit MSB-first format. Figure 14 illustrates the circuitry needed to connect the CS5326, a 16- bit
A/D converter, to the Sony chips. Since the CS5238 outputs 18 bits, the 24-bit format of both inter-
face chips must be used, and that format only accepts data LSB first. If the interface chips allowed
the specification of the MSB/LSB-first option separate from the 16-bit/24-bit option, the interface
would be greatly simplified. Another feature of the interface chips is that the data must be right jus-
tified in the channel, whereas the data output from the CS5328 is left justified. Using the 16-bit
format as an example, the 16 bits preceding LRCK (L/R) changing state are latched for right-jus-
tified data, whereas the 16 bits following LRCK changing state are latched for left-justified data.
Figure 15 illustrates a method of converting from MSB-first to LSB-first using three cascaded
74HC299 shift registers oscillating between channels. When the right channel is shifting into the
shift registers from the A/D converter, the left channel is shifting out of the shift registers to the digi-
tal interface chip and vice versa. LRCK for the CXD1211 has the same polarity as the CS5328, high
for the left channel and low for the right channel, whereas LRCK in the CX23033 has the opposite
polarity. Figure 16 illustrates the flow of serial data for each channel. While the CS5328 is clocking
left-channel data into the 24-bit shift register via pin ’A’, the shift register is clocking the previous
right-channel data out of the QH’ pin and through a multiplexer into the interface chip. In Figure 16b
the shift register’s shifting direction is reversed and still contains the left-channel data. When the
CS5328 starts shifting right-channel data into the shift register via pin "H’, the left-channel data con-
tained in the shift register is clocked out of the Qa’ pin and through the multiplexer into the interface
chip. The multiplexer is needed to select the appropriate output of the 24-bit shift register to input to
the interface chip, whereas the two inputs to the shift register may be tied directly together. The shift
register clocks are disabled for eight serial clock cycles since only 24 bits of the 32 bit-periods in a
channel are stored. Since the CS5328 outputs zeros after the 18 data bits, the shift register stores six
zeros. In the timing diagram shown in Figure 17, the ’z’s reflect the stored zeros. All combinational
logic can be programmed into a PAL for compactness. To configure the interface chips for the 24-bit
format, MSBF is set to zero for the CXD1211, whereas the CX23033 is used in operation mode 1 or,
if a microcontroller is present, mode 3 with control register bits D7 and D6 both set to one.

4 INTERFACING TO DIGITAL SIGNAL PROCESSORS

Digital signal processors are used extensively in digital audio environments[14]. Although the digi-
tal signal processors, DSPs, discussed below are not an exhaustive set of DSPs capable of handling
greater than 16 bits, they do illustrate the circuitry needed to interface to common serial ports.

12-74



Sanchez CS5328 AES Paper

4.1 Motorola DSP56000

The interface for the DSP56000 is straightforward as shown in Figure 18 with the timing diagram
appearing in Figure 19. The counter needed for the various timing signals on the CS5328 provides
other divided outputs that can be used by the DSP56000. The counter output previous to L/R,
FSYNC, is twice the frequency of L/R and can be used to indicate the beginning of a word. This
output will rise concurrently with L/R changing state; however, FSYNC will fall after the 16th data
bit is output. This is not a concern since the DSP56000 only uses FSYNC to start a serial data trans-
mission and stops transmission when the specified number of bits are received. The DSP56000’s
serial port is configured to receive 24 bits (WL1,WLO = 1,1), normal operation (MOD = 0), con-
tinuous clock (GCK = 0), and word-length frame sync (FSL1 = 0). If the transmit and receive ports
are synchronous (SYN = 1), L/R can be used as a serial port flag indicating the channel. Section 5
has more information on the serial port flag.

4.2 Texas Instruments TMS320C30

The TMS320C30 has an interface similar to the DSP56000, with the exception of serial port flags.
Figure 20 shows the interface diagram and Figure 21 illustrates the timing. If L/R must be known to
the DSP, one of the alternate methods described in Section 5 must be employed. The interface diver-
ges from previous TI DSPs but has become more flexible in the process. For the serial port, the
variable data rate mode with 24 or 32 bits is utilized. In this scenario, FSR goes active concurrently
with the MSB of the data. (In fixed data rate mode, FSR goes active one CLKR cycle before data.)
The DSP also inputs the programmed number of bits after FSR indicates the start of serial data trans-
mission. The polarity of CLKR and FSR are programmable, thereby eliminating one inverter from
the previous DSP interface.

43 AT&T DSP32/DSP32C

The DSP32 incorporates the data skewing technique utilized in the Philips IS interface although
there is no provision for stereo. The delay is one ICK (serial data clock) cycle on the ILD pin. ILD is
a word sync as opposed to an WS signal which indicates the channel: left or right. The DSP32 ac-
cepts 32 bits, whereas the DSP32C can accept 24 or 32 bits, and both latch data on the rising edge of
ICK. As with the two previous DSPs, ILD is only used to start serial data transmission. Figure 22
shows the connection diagram while Figure 23 illustrates the timing.

5 CHANNEL INDICATION

Many systems do similar processing to both left and right channels; therefore, the DSP may not need
to know which channel it is currently operating on. The channel indication, L/R, may be connected
to the A/D converter and digital out or D/A converter, thereby synchronizing the input and output,
without connecting to the DSP. However, if the processing is different for each channel, the DSP
must know which channel it is operating on. As this function is only needed at initialization, an in-
terrupt line could be utilized, with the interrupt being disabled after synchronization is achieved.
This method requires a dedicated interrupt line which is usually in short supply. Another common
method is to map L/R to a memory location allowing the DSP to read that location while in the serial
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port service routine, thereby determining the channel. This method requires address decode logic
and a high impedance latch to connect L/R to the data bus. A third method connects LRtoa general
purpose input pin on the DSP if any exist. . :

If the serial port transmitting and receiving sections are synchronous on the DSP56000 from
Motorola, two pins are liberated and can be configured as serial port flags. One of these flags can be
utilized to capture the L/R signal. As shown in Figure 19, the SCO flag is latched concurrently w1th
the MSB of the serial data. This flag can be tested on initialization to determine the channel.

Since all the DSP serial ports mentioned require a minimum of 24 bits, and the CS5328 is only 18
bits, 6 trailing bits are unused. If L/R is appended to the serial data, the DSP could read the lower
bits which identify the channel. The DSP could subsequently mask the lower bits or ignore them
since they appear as a DC offset at a minimum of the 19-bit level. The circuit in Figure 24 appends
L/R to the serial data stream by ORing L/R with the zeros output after the 18-bit serial word. The al-
ternate circuit provides a single-chip-package implementation that multiplexes between SDATA and
L/R. Since the CS5328 outputs 18 bits, a flip-flop is needed to delay the rising edge of the QF
(which rises after the 16th bit) until the 19th bit. A benefit produced by this configuration is that a
larger-divide output of the 74HC590 can delay the L/R "tag" information until later bit times making
the DC offset less significant. Figure 24 shows two configurations for adding the L/R tag to the data.
In the "bit-19 tag" configuration, the L/R tag immediately follows the data, whereas in the "bit-21
tag" configuration the tag doesn’t appear until the 21st-bit position. Figure 25 illustrates timing for
the "bit-21 tag" configuration. Notice that the left channel data is followed by two zeros, then twelve
ones; therefore, the first "one" of the channel tag is in the 21st-bit position. If the DSP’s serial port is
configured for 32 bits, a "bit-25 tag" could be generated by using the QE output of the 74HC590
counter as the clock input to the flip-flop.

6 CONCLUSION

The architecture and performance of the CS5328 18-bit dual channel delta-sigma A/D converter
were discussed along with detailed interface and timing diagrams to AES/EBU chips, the ’S bus,
and a number of DSPs. A method of adding a channel identifier to the serial data stream was also ex-
plored.

Low input signal levels were shown not to degrade performance, and an example application using
both 18-bit channels to generate a single 19-bit part was shown to improve the dynamic range to
100 dB over the audio band.
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Figure 2. Frequency Response
Output CLKIN Passband -3dB Stopband
Word Rate Frequency Edge Point Edge
32 kHz 4.096 MHz | 14.5kHz 15.6 kHz 17.3 kHz
44.1 kHz 5.6448 MHz | 20.0 kHz 21.6 kHz 23.9 kHz
48 kHz 6.144 MHz | 21.8 kHz 23.5 kHz 26.0 kHz

Table 1. Audio Output Word Raies
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A Stereo 16-Bit Delta-Sigma A/D Converter for
Digital Audio

D. R. Welland, B. P. Del Signore, E. J. Swanson
Crystal Semiconductor Corp., Austin, TX 78744, U.S.A.
AND
T. Tanaka, K. Hamashita, S. Hara and K. Takasuka

Asahi Kasei Microsystems, Inc., Tokyo, Japan

A two channel 16-bit A/D converter employing oversampling techniques has been
developed. The device contains two fourth order delta-sigma modulators with 1-bit
outputs, each followed by a digital finite impulse response filter/decimator. The analog
inputs are sampled at 3.072 MHz and the digital words are output at 48 kHz.

0. INTRODUCTION

The emergence of digital audio has increased
the demand for high performance A/D converters.
Delta-sigma conversion has been gaining recogni-
tion as having advantages over more classical
audio band conversion techniques. In particular, it
obviates the need for sample and hold amplifiers,
eases the design of anti-aliasing filters, and is free
of differential non-linearity errors that distort low
level signals.

This paper discusses the development of a
two channel 16-bit audio band delta-sigma con-
verter featuring a high degree of integration and
suitable for use in stereo digital audio applica-
tions. Section 1 gives an overview of the concepts
pertaining to delta-sigma conversion. The device
architecture and a functional partitioning strategy
are presented in Section 2 Sections 3 and 4 dis-
cuss design of the two major functional blocks,
and measured results are presented in Section 5.

1. DELTA-SIGMA CONVERSION

1.1 Quantization Noise

Analog to digital conversion is a process that
necessarily introduces errors into a signal due to
quantization. The difference between the output

of an otherwise perfect converter (or "quantizer")
and that which might be expected of a converter
with unlimited resolution can be modelled as an
additive noise signal. The level of this "quantiza-
tion noise" is reduced in converters of higher
resolution with finer quantization levels, but
nonetheless must remain non-zero. If the analog
input is sufficiently large and/or if the input is
sufficiently random, the spectrum of the quantiza-
tion noise can be approximated as white [1] with
its energy equally distributed between dc and fy/2,
where fs is the sampling and conversion rate (it is
assumed the signal is sampled before it is con-
verted). The effective resolution of a converter
can be increased by filtering the output and there-
by reducing the level of the quantization noise. A
commensurate reduction in the available signal
bandwith must be accepted as a consequence of
the filtering, but may prove acceptable if the con-
version rate is high. The sampling and conversion
of a signal at a rate much higher than the signal
frequency is a technique termed "oversampling".
The "oversampling ratio" is the ratio of the actual
sampling rate to the Nyquist rate (i.e., twice the
highest signal frequency of interest). s

SR SR

O F

This process is illustrated in Figure 1, where ‘-

an analog sinusoid of frequency fo is converted to
a digital, quantized sinusoid at a rate fs by a linear

Reprinted from Journal of the Audio Engineering Society, Vol. 37, No. 6, June 1989
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pulse-code modulation (PCM) converter. The
input spectrum is shown in Figure 1A, and Figure
1B shows the effects of the quantization process
with the addition of white noise (this and follow-
ing spectra repeat at multiples of fs, of course, due
to the discrete time nature of the sampled signal).
Processing by a digital filter with a baseband
cutoff frequency of fp as illustrated in Figure 1D
yields the output spectrum in Figure 1E. The
baseband cutoff frequency fp is presumed to be
equal to the highest signal frequency of interest.
The remaining quantization noise voltage level
will be lower than the original level by a factor of
sqrt(fg/2fp) (the quantization noise energy is
lowered directly by the oversampling ratio fs/2fp).

The utility of this technique when applied to
audio signals with a baseband frequency of

AD 1Tt
/\/ —  comener [ WY
Analog a. PCM Converter Digital

T :
fo ts/2

b. Input Spectrum
t t
fo fs/2

¢. Converter Output Spectrum
T

b fs/2

d. Filter Response
N "
+—t g
fo fb fs/2

e. Filter Output Spectrum

Figure 1. Increasing Resolution with Filtering

Welland AES Paper

fo = 20kHz is questionable. To obtain the
equivalent of 16-bit performance from, say, a 12-
bit converter, the 12-bit guantization noise would
have to be lowered by 27=16. This would in turn
require an oversampling ratio of fs/2fp = 256, or
fs=10MHz.

Delta-sigma conversion is a technique that
employs oversampling to obtain high resolution
(low quantization noise) digital signals from low
resolution (high quantization noise) quantizers.
As will be shown below, the delta-sigma con-
verter contrasts with the previous example in that
the quantization noise at the output of the low
resolution quantizer is not white, but rather fre-
quency “shaped"”, such that noise in the baseband
(f<fo) is suppressed at the expense of slightly
higher out-of-band (f>fp) noise. The power of
digital filtering can then be applied to the resul-
tant spectrum to pass the signal (and the residual
baseband quantization noise) while rejecting the
out-of-band quantization noise.

The converter consists of a modulator and a
digital filter. As can be seen in Figure 2, em-
bedded in the modulator is the low resolution
N-bit quantizer, around which frequency depend-
ent feedback is applied by means of a N-bit DAC
and an analog filter. The analog filter has a fre-
quency response of H(f). The analog input is

Analog
Input H()
Analog Filter
N-Bit N-Bit
DAC Quantizer
Tfs
Digital Sampling
Output Clock

(To Digital Filter)

Figure 2. Delta-sigma modulator
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Figure 3. Linearized delta-sigma modulator

summed into the modulator loop at a point where,
for frequencies with high loop gain, the output of
the DAC will be substantially equal to the input.
To the extent that the DAC faithfully reproduces
the quantizer digital output, this signal, too, must
be substantially representative of the analog input
again, for frequencies with high loop gain.

1.2 Loop Analysis

The presence of the non-linear quantizer
renders exact analysis of the loop difficult. A typi-
cal and useful approach is to linearize the
quantizer by replacing it with a gain stage and a
quantization noise source [2]. Again, the latter is
only a contrivance to account for the difference
between the quantized output and the amplified
input. This is illustrated in Figure 3. The DAC has
been replaced by a unity gain stage, as its func-
tion is irrelevant for analyzing the effects of
quantization noise. Note, though, that non-
idealities in the DAC can be the chief limitation
to the modulator’s performance [3].

The actual value of the gain g and the rms
value of the quantization noise signal ¢ need not
be known to obtain an understanding of how the
modulator shapes the quantization noise. It must
be assumed, however, that successive values of
the quantization error are uncorrelated — i.e., the
quantization noise spectrum is white. The validity
of this assumption is borne out empirically.

The modulator output signal y is a function of
the analog input x and quantization noise ¢, as
follows:

y=@y)H(f)g +q

y [1 + H(f)g] = xH(f)g +¢
H(f)gx q

Y=T1+H{@g * 1+H®g

If the loop gain H(f)g >>1, then

1
H(f)g

y=x + q

That is, the output will be the sum of the input
and the quantization noise spectrally shaped by
the inverse of the analog filter frequency
response.

A glance at the approximate expression for y
may lend hope to the prospect of reducing quan-
tization noise by increasing the value of H at all
frequencies. However, the effective value of g
would change to compensate such a maneuver.
Reducing g by introducing a higher resolution
quantizer would indeed offer improved perfor-
mance. But the most effective method of
achieving lower baseband quantization noise (for
a given oversampling rate) is the selection of fil-
ter function H(f) that possesses high in-band gain
and high out-of-band attenuation, thereby shaping
the quantization noise spectrum advantageously.
Note that the poles of the filter are zeros of the
noise transfer function.

1.3 Integrator

A simple inteégrator has the desired spectral
qualities for a filter. A cascade of two integrators
would appear more attractive, and indeed such a
"second order" filter more effectively shifts quan-
tization noise to out-of-band frequencies than the
"first order" filter. Extension to higher order fil-
ters is problematic, though, due to stability
considerations. A second-order design requires
the placement of a single zero in the filter
response to obtain a well-behaved modulator.
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Higher- order filters can also have zeros included
as an aid to stability, but even so they are condi-
tionally stable due to the high phase shift at
baseband frequencies. Conditionally stable loops
can become unstable if a frequency independent
gain parameter in the loop is reduced. The effec-
tive quantizer gain g is such a parameter and is
subject to change under varying operating condi-
tions. As such, stability of modulators with third
and higher order filters is at risk. Nevertheless,
the attractiveness of higher order filters has led to
a number of solutions to the stability problem
[4],[5]. The device discussed in this paper utilizes
a fourth-order filter. Stability will be discussed
below.

Another approach that leads to performance
similar to higher-order modulators without the at-
tendant stability question has been reported [6].
This architecture has cascaded lower order
modulators, with successive modulators measur-
ing the residual in-band quantization noise of
previous modulators. The various modulator out-
puts are digitally processed to lower overall
in-band noise. However, accurately matched com-
ponents and high gain integrators are necessary to
achieve the desired performance.

1.4 Filtering and Decimation

Once the quantization noise has been ap-
propriately shaped, it remains the task of the
digital filter to remove the out-of-band quantiza-
tion noise. A straightforward approach of
synthesizing a low pass filter with sufficient stop-
band attenuation and acceptable pass-band
response would prove inefficient. Instead, a
strategy of staged filtering and decimation can be
adopted to ease the computational burden [7].
Decimation is the process of sampling a discrete
time signal at a rate lower than its own. The ad-
vantage of decimation is that signal processing
after decimation can proceed at the lower rate. As
a sampling process, though, decimation is subject
to the ill effects of aliasing.
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Figure 4. Filter Strategy

In this application, each stage of filtering need
only reject signals that will be aliased into the
baseband by the immediately subsequent decima-
tion process, since later filter stages will reject
signals aliased elsewhere. Figure 4 illustrates this
approach. A signal with a spectrum characteristic
of a modulator output signal is input to a filter at
a rate fs. The output of this filter is to be
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decimated to a new rate fs’, where fg = Nfy’,
before being processed further. Aliasing will
occur throughout the spectrum, but only com-
ponents within fp of integer multiples of fs will
get aliased into the baseband. A filter designed to
have rejection only in these frequency "pockets"
requires much less computation than one with
rejection across the entire stop-band. As the sam-
pling rate gets lower, of course, the pockets
become proportionately wider and the filters be-
come more complex. However, they can proceed
with their computations at a more leisurely pace.

The final filter stage, operating at the slowest
rate, can be a true low pass filter, eliminating the
accumulated out-of-band quantization noise. In
addition, it can "tweak" the frequency response of
the pass-band if previous filter stages, the
modulator, or even analog processing prior to the
modulator have warped the response.

The need to reject the out-of-band quantiza-
tion noise also represents a benefit. Namely,
signals outside the baseband up to half the
modulator sampling frequency do not get aliased
by the modulator and are rejected by the digital
filter. Indeed, spurious input signals approaching
the sampling frequency do not get aliased into the
baseband unless they are within fp of fs, and are
likewise rejected. This characteristic can greatly
relax analog anti-aliasing requirements and, for
some applications, stands as one of the leading
benefits of delta-sigma conversion.

2. ARCHITECTURE

2.1 Overall Architecture

The device described in this paper contains
two delta-sigma converters suitable for stereo
digital audio applications. It is packaged in a 28
pin dual-in-line package with a standard 0.600
inch wide footprint. The cavity of the package is
occupied by two silicon dice. One die contains
the two modulators, a voltage reference (the value
of which determines full scale signal level),
clocking circuitry, and a small amount of digital
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housekeeping circuitry. The second die contains
the digital filter/decimators.

2.2 Reasons for Two Die

Partitioning of the system in such a fashion
was motivated by the following considerations:

1) The complexity of the digital filter neces-
sarily creates a large amount of electrical noise
during normal operation. Placing this circuitry on
a silicon substrate separate from the modulators
eases the task of preventing this noise from inter-
fering with the modulators’ analog signal
processing.

2) The great majority of the silicon area is oc-
cupied by the digital filter/decimators, and the
manufacturing cost is dominated by this circuitry.
Shrinking of the geometries comprising this cir-
cuitry as the product matures can lead to cost
reductions without affecting performance. Shrink-
ing of analog circuitry is risky and difficult;
hence, the advantage of removing this circuitry
from the more cost-sensitive digital die.

3) With separate die, different processes can
be used to fabricate the analog and digital por-
tions on the converters.

Regarding the last item, the digital die is
manufactured using a standard 5V, 2 micron
double-metal digital CMOS process. A 10V
process was chosen for the analog die to allow
more headroom for the analog signals. CMOS
was chosen to support the switched capacitor
design discussed in the next section. The selected
process has 3 micron line widths, double
polysilicon layers for capacitors, and a single
metal layer.

2.3 Shared Functions

To a large extent, the two channels function
independently. However, some circuit blocks are
shared. On the analog die, all clocking is common
between the two channels to facilitate simul-
taneous sampling of the left and right channel
signals. Additionally, a single voltage reference
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circuit is utilized by both channels. The voltage
reference employs both lateral and vertical
bipolar npn transistors (both of which are useful
parasitics in this process) in a bandgap configura-
tion. Its output is connected to a pin so that it can
be capacitively bypassed to reduce crosstalk be-
tween the two channels. This capacitor and two
simple RC anti-alias filters are all the external ele-
ments required of the device other than standard
power supply decoupling elements.

The two digital filter/decimators also have
common clocking. The various filter coefficients
are stored in a single ROM which is accessed by
both right and left channels.

3. MODULATOR

3.1 Major Characteristics

The major characteristics that need be deter-
mined in the design of a delta-sigma modulator
are filter technology, oversampling ratio, quan-
tizer resolution, and filter order. '

3.2 Discrete Time Implementation

Although continuous time filters can be
employed in the implementation of a delta-sigma
modulator (sampling occurs at the quantizer
only), three considerations dictated the choice of
sampled data filters for use in the product. First is
the ease with which sampled data filters can be
integrated in comparison to continuous time fil-
ters. Second is that continuous time filters are
sensitive to timing errors in the feedback of the
modulator’s DAC signal [3], whereas sampled
data filters are not. Third, with proper design care
sampled data circuits can provide greater isolation
between channels in a stereo application since
signal currents are transient. They can be made
quite small at the sampling instances and are of
no consequence at other times (both technologies
are subject to capacitive crosstalk). Thus, sampled
data switched capacitor technology was chosen
for the design of the modulator.

3.3 Oversampling Ratio

The oversampling ratio is limited by the
achievable settling time of analog components as
well as the maximum computation rate of the
digital filter. It is also preferable that the oversam-
pling ratio be a factor of 2N 1o ease applications.
With a standard baseband of 24kHz, the oversam-
pling ratio of 64 was chosen for a sampling rate
of 3.072MHz. In a switched capacitor network
each cycle is divided into two phases. With
design margin, all modulator circuit blocks were
designed to settle in 100ns to 0.1%.

3.4 1-bit Quantizer

As was mentioned in Section 1, higher resolu-
tion quantizers embedded in the modulator loop
yield lower levels of in-band quantization noise.
However, a 1-bit quantizer (i.e., a comparator) is
simple to implement and minimizes the number
of connections between the modulators and their
digital filters. More importantly, a very attractive
attribute of the use of a 1-bit quantizer is that er-
rors in the 1-bit feedback DAC are not sources of
distortion and/or excess noise, but only gain and
offset errors [8]. Therefore, no precision com-
ponents are necessary. Further, a one bit output
simplifies the design of the first (and highest
speed) digital filter stage.

3.5 Modulator Filter Order

The selection of a 1-bit quantizer operating at
an oversampling rate of 64 requires at least a third
order modulator filter to obtain 16-bit perfor-
mance at the digital filter output. The addition of
other noise sources (e.g., quantization effects in
the digital filter) eliminated the candidacy of a
third order filter. A fourth order modulator filter
comprised of four cascaded integrators would
provide sufficient rejection of baseband quantiza-
tion noise. However, the modulator’s baseband
quantization noise can be rendered insignificant
by optimization of a fourth order filter, as follows.
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In Section 1 it was noted that the poles of the
modulator filter are the zeros of the quantization
noise transfer function. A filter with four cascaded
integrators results in a noise transfer function with
four zeros at dc. Lee and Sodini [9] found that
spreading these zeros by application of local feed-
back around the integrators was effective in
lowering the total baseband quantization noise
output by the modulator. Optimal placement of all
four zeros (two conjugate pairs) results in an
11dB improvement in baseband quantization
noise rejection. Optimal placement of a single
conjugate pair with two zeros left at dc results in
a 10dB improvement.

Implementation of the two-conjugate-pair fil-
ter requires feedback to the input summing
junction. This requirement has associated un-
desirable consequences (PSRR degradation, for
example) and the two pair configuration offers lit-
tle additional noise shaping improvement above
the single pair. So, the single conjugate pair con-
figuration was adopted.

Welland AES Paper

3.6 Modulator Design

Figure 5 is a block diagram of the modulator.
Coefficient b is fed back around the third and
fourth integrators to form the conjugate pair of
poles in the filter transfer function. The analog
input is represented by x, and the single bit digital
output is y (which is inverted and summed with x
in analog form). The feedforward coefficients aj
through a4 are necessary (although not sufficient)
for stable operation. The value of one coefficient
is arbitrary. The value of the other three coeffi-
cients determine the location of filter zeros, but
the effect of these on modulator operation is not
easily predictable. Higher ratios of a1 to a4 lead to
more stable, noisier operation.

3.7 Stability Considerations

As was mentioned in Section 1, low values of
the "effective gain" of the quantizer (in this case
comparator) g can lead to instability. Since the
output levels of the comparator are fixed, and
since in an unstable mode the integrator output
levels can be expected to grow, any linearization

-]

x—@zs

at

Figure 5. Modulator Block Diagram
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criterion for evaluating g should lead to an ever
decreasing value. Similarly, it would not be un-
reasonable to expect that large values of the input
would lead to small effective values of g, initiat-
ing instability.

Simulation and laboratory experience has
shown that the modulators do indeed exhibit this
behavior. Fortunately, stable regions of operation
also exist. The strategy adopted in the design of
these modulators is to allow normal operation
only well within the stable state space. Circuitry
is provided to detect excessively high integrator
levels as an indication of unstable operation. If
such levels are detected, the integrators are reset
to a stable condition. In practice, the reset cir-
cuitry is never utilized except at power-up
(whereupon the modulator filter may or may not
be in a stable state) or during periods when the
input is excessively high. "Excessively high"
means much higher than full scale, in which case
the converter’s digital output would be clipped
and occasional modulator resets would be of no
consequence. As the input returns to a level near
full scale, the latest reset event leaves the
modulator in a stable state.

H[ H(‘ |

-50 f-- ‘I,’“,[,JF‘ '] '{]'| | I

10 m 16384.0

Figure 6. Simulated modulator output spectrum

3.8 Measured Spectra

Figure 6 shows a typical spectrum of a simu-
lated modulator including a sinusoid input signal
(very close to dc on the linear frequency scale)
plus the quantization noise from dc to fs/2. An
expansion of the low frequency portion of this
figure is shown in Figure 7. Here, the effect of
the conjugate pair of quantization noise zeros is
evident, as well as that of the pair at dc.

4. FILTER/DECIMATOR

4.1 Overall Architecture

Linear-phase finite-impulse-response (FIR)
filters are used for decimation. The 1-bit,
3.072MHz outputs of the modulators are
decimated in steps of 8, 4, and 2 to yield 16-bit,
48kHz results. A functional block diagram of the
digital die appears in Figure 8. Timing, control,
and coefficient ROMs (FIR2 and FIR3) are
shared by the two channels. Left and right chan-
nel data paths operate independently. FIR2 and
FIR3 use a per-channel multiplier/accumulator.
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Figure 7. Expanded simulated modulator output
spectrum
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Figure 8. Filter/decimator block diagram

4.2 Decimation

The decimation strategy includes two- stages,
FIR1 and FIR2, whose primary responsibility is
attenuation of quantization noise prior to decima-
tion and aliasing. As Figure 6 shows, modulator
out-of-band quantization noise spectral density is
very high. FIR1 and FIR2 use 17 and 18-bit coef-
ficients to attenuate this noise — and out-of-band
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-0.0005 A
-0.0010

0 4 8 12 16 20 24

Input Frequency (kHz)

Figure 9. Filter passband ripple
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input signals — into the converter noise floor. Fil-
ter orders are 27 and 30, respectively. Data is
processed with 18-bit fixed point arithmetic.

4.3 Passband Shaping

FIR3 performs passband shaping and out-of-
band signal attenuation. Passband frequency
response errors introduced by the modulator,
FIR1, and FIR2 are corrected by FIR3. Overall
filter passband ripple is thus reduced to +0.001dB
from dc to 22kHz. The passband compensation
function prevents the use of a half-band filter for
FIR3. The filter has 124 non-zero, 18-bit coeffi-
cients. Again, data is processed with 18-bit fixed
point arithmetic. Data is truncated to 16 bits at the
output, and this operation is the major noise con-
tributor in the system.

4.4 Antialiasing Filtering

As indicated in Section 1, FIR1, FIR2, and
FIR3 also combine to provide antialiasing filter-
ing. All analog input frequencies from 26kHz to
3046kHz are attenuated by at least 86dB. The
magnitude response of the complete
modulator/decimator from dc to 48kHz is shown
in Figures 9 and 10. Phase response is precisely
linear.
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Figure 10. Filter frequency response
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Figure 11. Partial 16K point FFT of modulator output

5. RESULTS

5.1 Modulator Output

Testing of the key specification parameters
was performed with the aid of Fast Fourier Trans-
form (FFT) routines. Figure 11, for instance,
shows the low frequency portion of an FFT per-
formed on a modulator’s single bit output. The
quantization noise shaping is evident in this plot.
Absent, however, is the null due to the conjugate
pair noise shaping zeros that is visible in Figure 6.
The quantization noise of the modulator is

100 :
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Figure 13. Signal-to-noise ratio versus signal level
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Figure 12. 1000 averaged FFTs of A/D converter output

masked by the device’s more classical noise
mechanisms. Quantization noise can only be seen
rising out of the thermal noise floor at frequencies
above the audio band.

5.2 Digital Filter Output ,

Figure 12 shows a plot of the result of an
average of one thousand FFT’s performed on the
16-bit words output by the digital filter. Averag-
ing of numerous FFT’s serves only to
cosmetically smooth the noise floor and does not
change the ratio of the signal to noise level. The
width of the fundamental is due to the application

of a low side-lobe window to the data stream
[10].

In addition to the noise floor and the fun-
damental, dc and harmonic distortion components
are visible. Close inspection reveals a 1/f noise
corner in the area of 300Hz and a bump in the
noise floor in the area of 23kHz. The latter is
caused by the rising modulator quantization noise
in concert with the falling digital filter charac-
teristic.

Figure 13 is a plot of measured signal-to-
noise plus distortion ratio versus signal level for
1kHz and 10kHz input frequencies. High-level
performance appears slightly better for the 10kHz
signal because all but the second-harmonic distor-
tion components fall outside the baseband.
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5.3 Specifications
Table 1 lists the key specifications and their
measured values.

Oversampling ratio 64X
Signal-to-noise plus distortion 92dB
Dynamic range 94 dB
Filter passband ripple <0.001 dB
Filter stop-band rejection >86 dB
Calibration error 5LSB
Chanel-to-channel crosstalk -103 dB at

20 kHz
Channel-to-channel gain mismatch 0.04 dB
Gain temperature coefficient 80 ppm/°C
PSRR 50dB
Power dissipation 450 mW
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DEFINITION
TYPES

OF PRELIMINARY PART

Before a part is in full production, Crystal will
supply preliminary parts. There are two varieties:

I.LEngineering Sample (ES)

Engineering sample "ES" is a product which has
not been completely characterized or where
qualification has not reached the first lot 500
hours read point. ES product will be assembled
per manufacturing specs at qualified assembly
sites. All units will be tested to a published data
sheet and applicable errata sheet (if needed).
Any ES units which are tested only at room
temperature will receive a supplemental brand
"25°". As soon as automated temperature testing
is available for this device, all subsequent ES
units will be 100% temperature tested.

The following premium - temperature product
grades will always be 100% tested at tempera-
ture:

TELECOMMUNICATIONS - "M" grade
DATA ACQUISITION - "A", "B", "C", "S",
"T", and "U" grades

II. Engineering Prototype (EP)

Engineering Prototype 1is an engineering
prototype of a device which works sufficiently
for beta site purposes.

DEFINITIONS

DEFINITION OF DATA SHEET TYPES

Each product developed by Crystal will be
supported by technical literature where the data
sheets progress through the following levels of
refinement:

I. Product Preview

This is a 1-to-4 page document which describes
the main features and specifications for a product
that is under development. Some specifications
such as exact pin-outs may not be finalized at
time of publication. The purpose of this docu-
ment is to provide customers with advance
product planning information.

IL. Preliminary Product Information

This is the first document completely describing
a new product. It contains an overview,
specifications, timing diagrams, theory of
operation, pin-out diagram, applications infor-
mation, ordering guide and mechanical informa-
tion. The numbers in this data sheet are based on
prototype silicon performance and on worst-case
simulation models. The specifications represent
the designer’s best estimate for the 'real"
numbers. Min and max values are included
where possible. The purpose of this document is
to provide system designers with technical infor-
mation sufficiently detailed to guarantee that
they can safely begin active development.

II1. Final D h

This is an updated version of the preliminary
data sheet reflecting actual production
performance of the final product. Updates
include tighter specifications, more min and max
values, and any application information that has
arisen during the early life of the part. The pur-
pose of this document is to communicate the
confirmed performance of products which have
passed qualification, been fully characterized,
and are in production.
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RADIATION PERFORMANCE

RADIATION RESISTANCE PERFORMANCE

Crystal products are manufactured using 2 and 3
micron CMOS processes. While not able to
withstand large doses of radiation, our products
are suitable for operation in low to medium dose
applications. Indeed, the self calibrating architec-
ture of many of the A/D Converters is able to
compensate for the effects of radiation.

Crystal will assist customers to test parts for
radiation resistance by supplying free, data-
logged parts. In exchange, we would like the

parts returned to us, so that we can measure their
post-radiation performance. In addition, we
would like a copy of any report that is generated,
along with permission to publish the report for
other customer’s information.

Several customer’s have already undertaken
radiation testing of our A/D Converters. Please
contact the factory for the latest information and
copies of the radiation performance reports.
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RELIABILITY METHODS

RELIABILITY METHODS

I. CONCEPT OF RELIABILITY

In general terms, the reliability of a semiconduc-
tor device is defined as the measure of the
functional stability of the device with respect to
time. Expressed in a more quantitative sense, it is
the probability that the device will operate with a
specified performance over a specified period of
time under a given set of conditions.

Reliability characteristics are usually stated in
reverse terms as the loss of ability to function, or
failure rate. The reliability performance of a
device can best be summarized by the reliability
life or "bathtub" curve (Figure 1). The reliability
performance is characterized by three phases: in-
fant mortality, useful life, and wearout. Infant
mortality failures can be reduced by proper
manufacturing controls and screening techniques.
The useful life period is typically a long period of
time where only occasional random failures
occur. During this time the failure rate is usually
very low. The final period is aptly named
wearout. Using proper design guidelines and
device applications, this period is shifted well
beyond the lifetime required by the user.

Reliability Life

I ( Bathtub ) Curve
e Digital Device or Crystal .-
g Smart Analog Device _.<<
_g Traditional Analog IC —, .-~
3 _—_/“_/,_
Infant Mortality Random Wearout
Failures Failures Failures
Operating Life ey
Figure 1.

An item of great importance in evaluating
reported reliability characteristics is the definition
of a failure. Crystal’s definition of a failure is any
device that fails to meet ANY data sheet
parameter. Crystal’s digital self-calibration tech-
niques provide stable performance over

temperature and life. Traditional Analog IC’s and
hybrids exhibit wearout mechanisms very early in
the life of the product. One competitor’s analog-
to- digital converter’s linearity error stability is
specified at +/- .00075 % per 1000 hours at
25 °C. Stability degradation at 70 °C is un-
specified and is likely to be accelerated greatly as
temperature increases. The dashed line of Figure
1 is typical of the wearout seen in a competitor’s
Analog IC or hybrid. As you can see, wearout
begins much earlier than a digital device or a
mixed analog and digital chip utilizing Crystal’s
SMART analog design architecture and CMOS
wafer technology.

II. CRYSTAL SEMICONDUCTOR
RELIABILITY STRESSING

These stresses are done on every new product, as-
sembly house or fabrication subcontractor. The
Crystal acceptance criteria and goals are as
described in Table 1 of the Quality and Reliability
information in section 1 of this data book.

Accelerated Operating Life Stress

Accelerated operating life stressing is performed
to accelerate thermally-activated failure
mechanisms through the application of extreme
temperature and dynamic biasing conditions. The
typical temperature and voltage conditions used
in the stress are 125 °C with a bias level at the
maximum data sheet specifications. Some devices
may be stressed at an even higher voltage level to
further stress the oxides of the device. All devices
used in life stress are sampled directly from the
production flow with no special processing or
pre-screening. Stressing is performed per MIL
STD 883, method 1015, condition D (dynamic
signals). These dynamic conditions simulate as
much as possible actual operating conditions in
an application.

REL3
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RELIABILITY METHODS

Both infant mortality operating life stress (168 hrs
at 125 °C) and long term operating life (typically
1000 hrs at 125 °C) are reported . Infant mortality
life simulates approximately 6-8 months in the
field at 70 °C and is reported as %/168 hrs. Long
term life simulates the total failure seen in the
field and is expressed in FITS (failures in time ).
1 FIT = 1 failure per billion device-hours. Derat-
ing of long term operating life is done
using Arrhenius thermal equations along with
Weibull statistics. A 60 % upper confidence limit
(UCL) and .7 electron volts (eV) activation ener-
gy are used in this calculation.

85°C/85% R.H.

85 °C/ 85% R.H. is an environmental stress per-
formed at a temperature of 85 °C and at a relative
humidity of 85%. The test is designed to measure
the moisture resistance of plastic encapsulated
devices. A nominal-voltage static bias is applied,
with minimum power consumption, to the device,
to accelerate the electrolytic corrosion of the
metallization. Failures are expressed in % /time
with 168, 500, and 1000 hour cumulative results
reported.

Autoclave

Autoclave is also an environmental stress which
measures the moisture resistance of plastic encap-
sulated devices. Conditions for this test are
121 °C, 100% relative humidity, and 1 atmos-
phere of pressure (15 psig), with no bias applied
to the circuit. Corrosion of the die is the expected
failure mechanism. Stressing is usually performed
for 144 hours. Failures are expressed in %/time
with 48, 96, and 144 hour results reported.

Temperature Cycling

Temperature cycling typically accelerates the ef-
fects of the thermal expansion mismatch among
the different components within a specific pack-
age and circuit. The stress is performed per MIL
STD 883, method 1010, Condition C (-65 °C

to +150 °C). Stressing is done in an air environ-
ment. A cycle consists of ten minutes at -65 °C,
five minutes transfer time, and ten minutes at
+150 °C. Stressing is typically performed for
1000 cycles. Failures are expressed in %/cycles,
with 100, 500, and 1000 cycle results reported.

Thermal Shock

The objective of thermal shock is basically the
same as that of temperature cycling - to exercise
the difference in thermal expansion coefficients
within the integrated circuit package and die.
Thermal shock provides additional stress as the
device is exposed to a rapid change in tempera-
ture, due to a maximum transfer time of ten
seconds, as well as the increased thermal conduc-
tivity of a liquid environment. This test is
performed per MIL STD 883, method 1011, Con-
dition B (-55 °C to +125 °C). In one cycle of
thermal shock, devices are placed in a flourocar-
bon bath cooled to -55 °C for five minutes, then
transferred to an adjacent bath filled with
flourocarbon at 125 °C for five minutes. Stressing
is performed for 500 cycles. Failures are ex-
pressed in %/cycles, with results reported at 100,
200, and 500 cycles.

High Temperature Storage Life

Storage life is an environmental stress where
temperature is the only stress. Stressing is per-
formed per MIL STD 883, method 1008,
Condition C. (150 °C). Stressing is performed to
1000 hours. Failures are expressed in %/hours,
with results reported at 168, 500, and 1000 hours.

Electrostatic Discharge

Electrostatic discharge testing is performed to
determine the handling sensitivity of a semicon-
ductor device. This test is performed per MIL
STD 883 method 3015, which simulates the resis-
tance (1500€2) and capacitance (100 pF) of the
human body. Also the machine model test is per-
formed with a 0f resistance and a capacitance of

13-6
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200 pF to simulate, as its name implies, a typical
insertion tool, handler, etc. that comes in contact
with the leads of a semiconductor device.

Latchup

Latchup testing is performed to ascertain whether
a device can sustain SCR latchup due to a DC
current input. The pin being tested has a DC cur-
rent forced to it with the device power supplies at
nominal voltage and inputs at ground state. Sus-
ceptibility of each input is tested with both a
positive and negative DC current forced into it.
This test is performed per the standard test proce-
dure recognized by JEDEC.

C dv/dt Latchup Testing

This test is performed to evaluate the suscep-
tibility of a CMOS device’s power pin to
instantaneous ESD discharge into a power
supply pin or a rapid ramp of a power pin during
power up. Positive and negative pulses are sup-
plied to the power supply pins with a change in
voltage of greater than 500 V/us and aOto 5 V
risetime of less than 15 ns. Ground, Vss, and the
pin under test are connected to ground. The sup-
ply current is monitored for excessive current.

ITII. FAILURE RATE CALCULATIONS

Failures during typical reliability stressing
generally are in the infant mortality and random
failure sections of the "bathtub" curve. Thermally
accelerated failure rates can be derated to actual
operating conditions by commonly accepted
mathematical models.

Operating life stress is usually reported in the
derated form. That is, operating life is performed
at 125 °C and results are reported for an
equivalent time at a typical operating stress
temperature for an application, generally 25 °C,
55 °C, or 70 °C. Failure rates for other tempera-

tures are calculated using a computed accelera-
tion factor.

There are many probability models used in
reliability analysis for calculating failure rates.
The simplest form of calculating a failure rate
(F.R.) would be to divide the number of failures
observed after test (N) by the number of device-
hours of stress.

FR.= N
D-H (1)

where D is the number of devices stressed and H
is the number of stress hours. If this number is
multiplied by 10° we obtain the failure rate ex-
pressed as Failure In Time (FIT). FITS are
expressed as failures per billion device operating
hours.

FITS = (ER.)(10°) @)

However, using equation (1) allows only for a
failure rate calculation at the stress temperature.
In order to apply the equation to the desired use
temperature we use the well-known Arrhenius
relationship to determine the thermal acceleration
factor, Fa. One hour of device operation at
temperature T is equivalent to Fa hours of opera-
tion at temperature T2. The activation energy, EA,
is an important parameter in the Arrhenius equa-
tion and is discussed below. The Arrhenius
equation is:

_EA(I 1 )
Fa(T1 > T2)=e¢ K \11 12 ©)

where k = Boltzman’s Constant (8.63 x 107
eV/°K) and T is the accelerated stress junction
temperature and T2 is the desired use operating
junction temperature in degrees Kelvin.

Junction temperatures, T1 and T2, should be used
in determining acceleration factors. This temper-
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ture can be obtained from the equation below.

Tj = Ta+ 6jaPd “

where Ta is the operating ambient temperature
and 6ja is the package thermal dissipation (°C/ W)
and P4 is the device power dissipation.

Crystal utilizes a low power CMOS process
which typically raises the junction temperature
about 7 to 15 °C, whereas analog bipolar IC’s and
hybrids can have power dissipations in the 1 W
range. These differences in device junction
operating temperatures can greatly affect the ac-
celeration factors. For example, let’s calculate the
acceleration factors of a device with a power dis-
sipation of 1 watt packaged in a 40 pin ceramic
package. This is equivalent to a junction tempera-
ture change from 160 °C to 60 °C and from Table
2 the acceleration factor is 277. A typical Crystal
device junction temperature is 10 °C higher than
the ambient which results in a junction tempera-
ture change from 135 °C to 35 °C. This results in

TEMPERATURE CHANGE ACCELERATION FACTOR
125 --> 70°C 26.3
125 --> 550C 775
125 --> 250C 933.0
135 --> 35 9C 636
160 --> 60 9C 277
TABLE 2

ACCELERATION FACTORS FOR DIFFERENT
TEMPERATURES (E. A. = .7 V)

ACCELERATION FACTOR

106.0

66.7

1.7

26.3

16.4

10.3

6.5

W oo N|xlo|lo] »

4.1

TABLE 3
ACCELERATED FACTORS FOR DIFFERENT
ACTIVATION ENERGIES (125 ° C --> 70° C)

an acceleration factor of 636, as shown in Table
2. By comparing the results in Table 2 one can
see how derating to a lower use temperature or
failing to consider junction temperature when cal-
culating acceleration factors can result in greatly
differing failure rates.

Table 3 compares acceleration factors for dif-
ferent activation energies. Using a 1.0 eV
activation energy versus a .7 eV activation energy
results in a factor of four increase in the accelera-
tion factor. Crystal uses an activation energy of .7
eV, a conservative value, compared to the .8 eV
to 1.0 eV used by other analog IC vendors.

We now take the failure rate equation (1) at ac-
celerated temperatures expressed in FITS and
factor in the acceleration factors from the Ar-
rhenius relationships considering junction
temperatures and arrive at the equation below.

0
10°N
— &)
FITS DHFa
Using composite Crystal data through the 1st
quarter of 1988, a failure rate at 25°C can be cal-
culated by substituting in equation (5) above:

N=23

D-H = 5,371,036

Fa = 702 (Assuming .7 eV and stress temperature
of 125°C, using junction temperature derating)

D-H is the summation of the devices stressed at
each readpoint multipled by that number of stress
hours.

Substituting we get:

(10%(23)

FITS 25°C = 5371 036)(702) =

6.1

The Weibull distribution is often used for product
life predictions because it can describe increasing
and decreasing failure rates. Also the Weibull dis-
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tribution has both a shape parameter, 3, and a
scaling parameter, o. This is very useful in ac-
curately describing the shape and scaling of the
"bathtub” curve. These more accurate descrip-
tions of the failure rate of the Weibull distribution
make this method superior to the uniform failure
distribution described in Equation (1). The
Weibull probability distribution function (PDF)
f(t) is the probability of failure between time t and
t + dt.

2
fy= BB\ (6)
[0

The Weibull PDF can also be expressed as a func-
tion of the Reliability function, R(t), and the
instantaneous failure rate function, h(t), therefore:

£(t) = h(HR(?) o

The Reliability function is found by integrating
the Weibull PDF from t to oo. This function is the
probability that a device will survive to time t.

o B
t
R(t) = Jf(t)dt = e(a) ®)
t

The instantaneous failure rate function is the
probability that a device will fail between time t
and t+dt:

h(t) = - =

dR _ B B
dt o t ©)

-

The Reliability function is used to calculate the
shape parameter, B, and the time scale parameter,
o. The shape parameter is the key function in
shaping the infant mortality portion of the "bath-
tub" curve. A B of 1 indicates a uniform failure
rate, B > 1 indicates wearout and B < 1 indicates a
declining failure rate. To use Weibull statistics,
failures that occur during operating life stresses
are used to produce values of R(t). Failure times
and R(t) values can be combined to estimate o

RELIABILITY METHODS

and P. We first take the natural logarithm of both
sides of equation (8).

n (_1_) _#
R(t) o

We again take the natural logarithm and obtain:

In [ln—] =B In(t) -In(wx) (10)
This last equation is now in the form of a linear
function. Using linear regression techniques or
Weibull plotting paper we obtain the Weibull
shape and scale parameter. Most semiconductor
manufacturers perform a burn-in screening on
devices to insure that the end customer receives a
population of devices that have minimal infant
mortality and are from the useful life period of
the reliability "bathtub" curve. It is very impor-
tant to include this data for the entire lifetime of
the device to obtain an accurate curve fit for ob-
taining o and .

Once the parameters o and B for the Weibull dis-
tribution are known we utilize R(t) to calculate
FITS. Crystal uses a 20 year lifetime in its FIT
calculations and typically uses a 48 hour burn-in
at 125 °C hence:

t20 = 20 yrs = 175,200 hours
t1 = 48 hours

The number of devices that will fail in the twenty
year lifetime following burn-in is given by:

N =D [R(t1) - R(t1 + t20)] an

where D is the total number of devices stressed.
The number of device-hours accumulated in 20
years can be estimated by counting the devices
surviving after 20 years.

DH 2D « R(t1+t20) * t20 (12)
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Using equation (2) for expressed failures in FITS
we obtain the equation below for a Weibull dis-
tribution

D [ R(t1) - R(t1 + t20)]
9
FITS <10°5 Rt + 220) * (20)

_10° [R(t1) - R (t14120)]
R(t1+ ©20) * (t20)

13)

The above equation applies only at the stress
temperature. In order to apply the equation to the
desired use temperature we factor in the accelera-
tion factors, Fa, from the Arrhenius relationship
as it relates to time in the reliability function.
Therefore in equation (12) above we replace
R(t1 + t20) by R(t1 + t20/Fa). Note that the device
lifetime t20 is still 20 years but the reliability
function must have the acceleration factor con-
sidered for derating to use temperature. Using
composite Crystal data through the first quarter of
1988, and using from equation (10), B = .19 and
o = 521 and Fa = 702 yields a failure rate at
25 °C of 9.7 FITS.

This failure rate is a more accurate measure of
Crystal reliability than that provided by the con-
stant failure rate model of equation (5).

Reliability evaluations involve only samples of an
entire population of devices. Therefore a con-
fidence level, (CL), should be placed on the
average failure rate. At any time a sample is
stressed from a population there exists a finite
chance of failures. If many separate samples were
stressed from the same population and failure
rates plotted, a normal distribution of failure rates
would occur. Therefore, valid statistical methods
for a normal distribution should be used to deter-
mine the desired CL. Confidence levels for
reliability analysis are expressed in upper con-
fidence levels (UCL), typically at 60% or 90%
depending on the criticality of the device’s ap-
plication. The total sample size stressed is critical

in defining the UCL. Therefore rather large
sample sizes must be stressed to more accurately
demonstrate the true failure rate. A larger spread
will exist between the 50% and 90% UCL dis-
tribution for smaller sample sizes due to the
greater probability that the sample stressed was
not representative of the entire population.

Environmental stresses, such as autoclave,
temperature cycling, thermal shock, storage life
and 85 °C/85%R.H., usually have their actual
results reported, due to the lack of widely recog-
nized derating models. These are usually
expressed as %failure / stress time. An example
of this would be a temperature cycling failure rate
expressed as %/ 1000 cycles. These failure rates
should have a confidence level associated with
the data given. For environmental stresses, Crys-
tal publishes data with a 90% confidence level.
To calculate this failure rate with confidence
levels, the following binomial probability statis-
tics calculations are made:

100-P 12
1>c=1>a+z—~———-—[P"(n 2] (14)

where P¢ is the failure rate with confidence level,
Pa is the observed failure rate in percentage
defective, n is the number of samples stressed,
and Z is the value of the standard normal prob-
ability distribution associated with the desired
confidence level. (Z = 1.28 for 90% UCL.) This
calculation agrees with the widely accepted lot
tolerance percent defective, LTPD, plans that are
based on 90 % upper confidence.

Of course it is not satisfactory to have accurate
methods on reporting failure rates without having
programs -and methods in place to continuously
improve the reliability of the product. Crystal
uses methodologies in every level of the company
to provide the highest possible quality and
reliability standards of its products.
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Using the reliability calculation methods of
Maxim, an analog IC quality leader, Crystal
achieves a failure in time (FIT) rate of 6.1 parts
per billion operating hours. This compares
favorably with Maxim’s own performance of 6.8
FITs. Crystal’s reliability is also established for
devices requiring far greater analog accuracy than
its competitors’ products.

In summary Crystal Semiconductor uses conser-
vative models that are accepted throughout the
semiconductor industry to determine the

RELIABILITY METHODS

reliability of its devices and has active programs
in place to continuously improve the quality and
reliability of its devices.

For further information on a summary of
Crystal’s methods of insuring high quality and
reliability standards see the Quality and
Reliability information in section 1 of this data
book, or contact Crystal’s Reliability and Quality
Assurance Department at the factory.

REL3
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MECHANICAL DATA

MILLIMETERS INCHES
24 pin DIM[ MIN | MAX | MIN | MAX
24 1B T ceramic A | 14.73 | 15.34 | 0.580 | 0.604
A Side-Brazed B | 27.64 | 33.53 | 1.088 | 1.320
p 42 _l_ DIP C | 254BSC 0.100 BSC
L = . D | 0.76 | 1.40 | 0.030 | 0.055
P . E | 038 | 0.53 | 0.015 | 0.021
F | 1.02 | 1.52 | 0.040 | 0.060
g G —K— G | 267 | 432 | 0.105 | 0.170
3+ H | 254 | 457 | 0.100 | 0.180
K [ 14.99 | 15.49 | 0.590 | 0.610
Coik Dol B H Ly L 1 0.20 | 0.30 ] 0.008] 0.012
28 pin MILLIMETERS INCHES
28 5] T pin. DIM| MIN | MAX | MIN | MAX
A Ceramic A | 1473 | 15.34 | 0.580 | 0.604
_L Side-Brazed B | 35.20 | 35.92 | 1.386 | 1.414
1 14 DIP C | 254BSC 0.100 BSC
P B N D | 0.76 | 1.40 | 0.030 [ 0.055
E | 038 | 0.53 | 0.015 | 0.021
F | 1.02 | 1.52 | 0.040 | 0.060
F—K— G | 2.79 | 432 | 0.110 | 0.170
H | 254 | 457 | 0.100 | 0.180
+ J - 10° - 10°
c k= Dk E-f- H Lo J- K | 14.99 | 15.49 | 0.590 | 0.610
L | 0.20 | 0.30 | 0.008 | 0.012
) MILLIMETERS INCHES
) 57 T 40 pin DIM| MIN [ MAX | MIN [ MAX
A Ceramic A [ 1463 | 1549 [ 0.576 | 0.610
Side-Brazed B | 50.29 | 51.31 | 1.980 | 2.020
1 20 l DIP 9 254 BSC 0.100 BSC
- 5 N D | 0.76 | 1.52 | 0.030 | 0.060
E | 0.38 | 0.53 | 0.015 | 0.021
F | 1.02 | 1.52 | 0.040 | 0.060
f—K— G | 279 | 432 | 0.110 | 0.170
‘ j Ty 4 H | 254 | 457 | 0.100 | 0.180
f TT ‘ I\ J - 10° - 10°
Col - D=k E—f H L g K | 1499 | 15.65 | 0.590 | 0.616
L | 0.20 | 0.30 | 0.008 | 0.012
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A B B A MILLIMETERS INCHES
b 14 81'A ) DIM| MIN [ MAX | MIN | MAX
C1 N 14 pin A | 610 | 7.49 | 0.240 | 0.295
CerDIP B | 19.05 | 19.94 | 0.750 | 0.785
c 2.54 BSC 0.100 BSC
B . K D | 1.40 | 1.78 | 0.055 [ 0.070
L fe . E | 038 | 053 | 0.015 | 0.021
YF_}_:H F | 051 | 1.02 8'(1)23 0.040
—* Jofle G | 381 | 508 | 0. 0.200
*'CHDH['; SEATING o H | 292 | 432 | 0.115 | 0.170
PLANE J N 15° N 15°
NOTES: K | 7.62 BSC 0.300 BSC
1. POSITIONAL TOLERANCE OF LEADS SHALL BE WITHIN L 0.20 | 0.30 0.008 [ 0.012
0.13MM (0.005") AT MAXIMUM MATERIAL CONDITION, IN
RELATION TO SEATING PLANE AND EACH OTHER.
2. DIMENSION K TO CENTER OF LEADS WHEN FORMED PARALLEL.
snanasas MILLIMETERS INCHES
b 116 g A ) DIM| MIN [ MAX | MIN | MAX
B A A A arat 16 pin A | 610 | 7.49 | 0.240 | 0.295
CerDIP B | 19.05 | 19.94 | 0.750 | 0.785
c 2.54 BSC 0.100 BSC
B K D | 1.40 | 1.78 | 0.055 | 0.070
. Ta . E | 0.38 | 053 | 0.015 ] 0.021
FrEy ! F | 051 | 1.02 | 0.020 | 0.040
o e | ol | G | 381 | 5.08 | 0.150 | 0.200
CcD E SEATING H | 2.92 | 432 | 0.115 | 0.170
. PLANE J - 15° - 15°
NOTES: K | 7.62 BSC 0.300 BSC
1. POSITIONAL TOLERANCE OF LEADS SHALL BE WITHIN L [ 020 ] 030 | 0.008 ] 0072
0.13MM (0.005") AT MAXIMUM MATERIAL CONDITION, IN
RELATION TO SEATING PLANE AND EACH OTHER.
2. DIMENSION K TO CENTER OF LEADS WHEN FORMED PARALLEL.
sasansnna MILLIMETERS INCHES
JLA ] DIM[ MIN | MAX | MIN | MAX
A ACAara et 18 pin A | 610 | 7.49 | 0.240 | 0.295
, CerDIP B | 22.35 | 23.11 | 0.880 | 0.910
f—— B —f K C | 2.54BSC 0.100 BSC
— I" D | 1.40 | 1.78 | 0.055 | 0.070
|, fa ;%\ E | 038 | 053 | 0.015 | 0.021
‘ FFEH F | 051 | 1.02 | 0.020 | 0.040
— Jodk ok G | 381 | 508 | 0.150 | 0.200
-‘ICHDH[? SEATING L H | 292 | 432 | 0.115 ] 0.170
NOTES: PLANE fi 7052 332:50 c? ;00 stgo
0.13MM (0.005") AT MAXIMUM MATERIAL CONDITION, IN
RELATION TO SEATING PLANE AND EACH OTHER.
2. DIMENSION K TO CENTER OF LEADS WHEN FORMED PARALLEL.
MD3 1313
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Ay M N N T R T,

20 1%
20 pin
CerDIP
——8— K
i
4 :G |
FIpH I \
ol el ol ke
C D E SEATING
PLANE

NOTES:

1. POSITIONAL TOLERANCE OF LEADS SHALL BE WITHIN

0.13MM (0.005") AT MAXIMUM MATERIAL CONDITION, IN
RELATION TO SEATING PLANE AND EACH OTHER.

2. DIMENSION K TO CENTER OF LEADS WHEN FORMED PARALLEL.

SR AARANA NN

24 13| A
b A 24 pin
9 12 l CerDIP
??V‘?VVV‘?VVV?V
B K
_ — K
HH.+ G /%\
"\“ F¥+H
| fof el o - L
CD E SEATING
PLANE

NOTES:

1. POSITIONAL TOLERANCE OF LEADS SHALL BE WITHIN

0.13MM (0.005") AT MAXIMUM MATERIAL CONDITION, IN
RELATION TO SEATING PLANE AND EACH OTHER.

2. DIMENSION K TO CENTER OF LEADS WHEN FORMED PARALLEL.

AN NN NN

28 15
| I\ 28 pin
. 1a] | CerDIP
O\fvvvvvvvvvvvvv
- —
D
TH.+ ;G
ll\lli:“
- Jof ferife J L
CDE SEATING
PLANE

NOTES:

1. POSITIONAL TOLERANCE OF LEADS SHALL BE WITHIN

0.13MM (0.005") AT MAXIMUM MATERIAL CONDITION, IN
RELATION TO SEATING PLANE AND EACH OTHER.

MILLIMETERS INCHES
DIM| MIN | MAX | MIN | MAX
A | 660 | 749 | 0.260 | 0.295
B | 23.88 | 25.15 | 0.940 | 0.990
Cc 2.54 BSC 0.100BSC
D 1.40 1.65 | 0.055 | 0.065
E | 038 | 056 | 0.015 | 0.022
F 0.25 1.02 | 0.010 | 0.040
G | 381 5.08 | 0.150 | 0.200
H 292 | 4.06 | 0.115 | 0.160
J 0° 15° 0° 15°
K 7.62 BSC 0.300 BSC
L | 020 [ 030 | 0.008 [ 0.012
MILLIMETERS INCHES
DIM| MIN | MAX | MIN | MAX
A | 12.70 | 15.49 | 0.500 | 0.610
B | 3124 | 32.77 | 1.230 | 1.290
Cc 2.54 BSC 0.100 BSC
D 127 | 1.52 | 0.050 | 0.060
E | 041 0.51 | 0.016 | 0.020
F 0.51 1.27 | 0.020 | 0.050
G | 406 | 559 | 0.160 | 0.220
H 292 | 406 | 0.115 [ 0.160
J 0° 15° 0° 15°
K | 15.24 BSC 0.600 BSC
L | 020 [ 0.30 | 0.008 ] 0.012
MILLIMETERS INCHES
DIM| MIN | MAX | MIN | MAX
A | 12.70 | 15.37 | 0.500 | 0.605
B | 36.45 | 37.85 | 1.435 | 1.490
c 2.54 BSC 0.100 BSC
D 127 | 1.65 | 0.050 | 0.065
E | 038 | 056 | 0.015 | 0.022
F | 051 1.27 | 0.020 | 0.050
G | 406 | 584 | 0.160 | 0.230
H 292 | 406 | 0.115 | 0.160
J 5° 15° 5° 15°
K 15.24 BSC 0.600 BSC
L | 020 | 0.30 | 0.008 | 0.012

2. DIMENSION K TO CENTER OF LEADS WHEN FORMED PARALLEL.
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AN A AN N AN N RN N AR MILLIMETERS INCHES
40 21| T . DIM| MIN | MAX | MIN [ MAX
40 pin A | 12.70 | 15.37 | 0.500 | 0.605
o1 o | CPP B_| 50.29 | 52.57 | 1.980 | 2.070
E AT A TA TR A TATATATATATATITATATATA AT TS C 254BSC 01OOBSC
D | 1.27 | 1.65 | 0.050 | 0.065
E | 0.38 | 056 | 0.015] 0.022
F | 0.51 | 1.27 | 0.020 | 0.050
G | 4.06 | 584 | 0.160 | 0.230
H | 292 | 4.06 | 0.115] 0.160
* J | 5° 15° 5° 15°
cDh E SEATING L K | 1524 BSC 0.600 BSC
NOTES. PLANE L | 0.20 [ 0.30 | 0.008 | 0.012
1. POSITIONAL TOLERANCE OF LEADS SHALL BE WITHIN
0.13MM (0.005") AT MAXIMUM MATERIAL CONDITION, IN
RELATION TO SEATING PLANE AND EACH OTHER.
2. DIMENSION K TO CENTER OF LEADS WHEN FORMED PARALLEL.
i MILLIMETERS INCHES
> 1 Z|.A 14 pin DIM| MIN [ MAX | MIN [ MAX
A A A A Plag'ﬁc DIP A | 6.10 | 6.60 | 0.240 | 0.260
B | 18.54 | 19.56 | 0.730 | 0.770
— C | 1.65 | 2.16 | 0.065 | 0.085
B i D | 254BSC | 0.100BSC
L FH E}\ E | 1.02 | 1.78 | 0.040 | 0.070
Gf £J | F | 0.38 | 053 | 0.015 | 0.021
J RN — Kl ok G | 051 | 1.02 | 0.020 | 0.040
C DE F SEATING H | 3.81 | 508 | 0.150 | 0.200
NoTES: PLANE I ew [am TotlsLois
1. POSITIONAL TOLERANCE OF LEADS SHALL BE WITHIN L T 7685C 0300B5C
0.13MM (0.005") AT MAXIMUM MATERIAL CONDITION, IN
M | 020 | 0.38 | 0.008 | 0.015
RELATION TO SEATING PLANE AND EACH OTHER.
2. DIMENSION L TO CENTER OF LEADS WHEN FORMED PARALLEL.
3. DIMENSION A DOES NOT INCLUDE MOLD FLASH.
nonang MILLIMETERS INCHES
> 3 8 A 16 bi DIM| MIN | MAX | MIN | MAX
A A A A Plag':?c DIP A | 6.10 | 6.60 | 0.240 | 0.260
B | 18.80 | 19.30 | 0.740 | 0.760
el C | 132 | 2.89 | 0.015 | 0.035
B L D | 254B5C 0.100 BSC
LH E | 1.02 | 1.78 | 0.040 | 0.070
Gl FJ F | 038 | 053 | 0.015 | 0.021
J ol ol jese | Kofle gk G | 051 | 1.02 | 0.020 | 0.040
C DE F SEATING H | 3.81 | 5.08 | 0.150 | 0.200
. PLANE J | 292 | 3.43 | 0.115 | 0.135
NOTES. K 00 100 00 100
1. POSITIONAL TOLERANCE OF LEADS SHALL BE WITHIN L 762B5C 0300850
0.13MM (0.005") AT MAXIMUM MATERIAL CONDITION, IN M 0.20 | 0.38 | 0.008 | 0.015
RELATION TO SEATING PLANE AND EACH OTHER.
2. DIMENSION L TO CENTER OF LEADS WHEN FORMED PARALLEL.
3. DIMENSION A DOES NOT INCLUDE MOLD FLASH.
MD3 13-15



MECHANICAL DATA

samssnans MILLIMETERS | INCHES
) 11 191 A . DIM[ MIN | MAX | MIN | MAX
L A o 18 pin A | 610 | 6.60 | 0.240 | 0.260
) Plastic DIP B | 22.22 | 23.24 | 0.875 | 0.915
B ‘ L C | 1.02 | 1.52 | 0.040 | 0.060
r_ D 2.54 BSC 0.100 BSC
s FH ‘E\ E | 127 | 1.78 | 0.050 | 0.070
;} Hf ﬁf \f \f ﬁf \f Hf lu\" Gt £y g 0.36 | 056 | 0.014 8.822
- Kol 1 oode 0.51 | 1.02 | 0.020 | 0.040
CHDHEH,L* SEATING M H | 3.56 | 4.57 | 0.140 | 0.180
PLANE J | 292 | 3.43 | 0.115 | 0.135
NOTES: K 0° 15° 0° 15°
1. POSITIONAL TOLERANCE OF LEADS SHALL BE WITHIN L T 5 &85C 0300B50C
0.25MM (0.010") AT MAXIMUM MATERIAL CONDITION, IN M | 020 | 038 [ 0.008] 0075
RELATION TO SEATING PLANE AND EACH OTHER.
2. DIMENSION L TO CENTER OF LEADS WHEN FORMED PARALLEL.
3. DIMENSION A DOES NOT INCLUDE MOLD FLASH.
sossssss . MILLIMETERS | INCHES
A 00 DIM| MIN [ MAX | MIN | MAX
I i 20 oip A | 6.10 | 6.60 | 0.240 | 0.260
astic B | 25.65 | 26.42 | 1.010 | 1.040
R N — L C | 1.27 | 1.78 | 0.050 | 0.070
_ ] D | 254BSC | 0100BSC
L EH ' E | 1.27 | 1.78 | 0.050 | 0.070
GI +J I (F; 0.38 | 0.56 | 0.015 | 0.022
- Ko ke 0.51 | 1.02 | 0.020 | 0.040
clﬁlol.‘lzl‘_.:b SEATING M H | 3.94 | 457 | 0.155 | 0.180
NOTES: PLANE ﬂ 2(',2,9 9;'29 0'330 0‘115‘3,0
1. POSITIONAL TOLERANCE OF LEADS SHALL BE WITHIN L 76285 030085C
0.25MM (0.010") AT MAXIMUM MATERIAL CONDITION, IN M | 020 [ 038 [ 0.008 [ 0.075
RELATION TO SEATING PLANE AND EACH OTHER. :
2. DIMENSION L TO CENTER OF LEADS WHEN FORMED PARALLEL.
3. DIMENSION A DOES NOT INCLUDE MOLD FLASH.
MILLIMETERS | INCHES
. DIM[ MIN | MAX | MIN | MAX
e 21 pin A | 6.10 | 6.60 | 0.240 | 0.260
o 3 A a B | 31.37 | 32.13 | 1.235 | 1.265
A A Saana Skinny DIP C | 1.65 | 2.16 | 0.065 | 0.085
D 2.54 BSC 0.100 BSC
o E | 1.02 | 152 | 0.040 | 0.060
B f L F | 0.36 | 056 | 0.014 | 0.022
L FH G | 051 | 1.02 | 0.020 | 0.040
J Gty H | 394 | 457 | 0.155 | 0.180
bl fof sl A~ Kok M+ l‘i 2(.;.32 31.;3 0.3 15 Oi'15§5
C DE F PLANE L 7.62 BSC 0.300 BSC
NOTES: M | 0.20 | 0.38 | 0.008 | 0.015
1. POSITIONAL TOLERANCE OF LEADS SHALL BE WITHIN :
0.25MM (0.010") AT MAXIMUM MATERIAL CONDITION, IN-
RELATION TO SEATING PLANE AND EACH OTHER.
2. DIMENSION L TO CENTER OF LEADS WHEN FORMED PARALLEL.
3. DIMENSION A DOES NOT INCLUDE MOLD FLASH.
13-16 MD3




MECHANICAL DATA

TPV MILLIMETERS INCHES
24 1317 . DIM[ MIN | MAX | MIN | MAX
A 24 pin b A | 13.72 | 14.22 | 0.540 | 0.560
o1 12 Plastic DIP B | 31.37 | 32.13 | 1.235 | 1.265
VYUY VY VY VYVYYY VY c 165 216 0065 0085
D 2.54 BSC 0.100 BSC
E | 1.02 | 1.52 | 0.040 | 0.060
B [ '-"I F [ 0.36 | 056 | 0.014 | 0.022
, FH G | 051 | 1.02 | 0.020 | 0.040
] i AR LR CENE D
ool fof berffe- K+ 4 - : : .
CDE F  SEATING M K 0° [ 1 | 0° | 1&°
PLANE L 15.24 BSC 0.600 BSC
NOTES: M | 0.20 | 0.38 | 0.008 | 0.015
1. POSITIONAL TOLERANCE OF LEADS SHALL BE WITHIN
0.25MM (0.010") AT MAXIMUM MATERIAL CONDITION, IN
RELATION TO SEATING PLANE AND EACH OTHER.
2. DIMENSION L TO CENTER OF LEADS WHEN FORMED PARALLEL.
3. DIMENSION A DOES NOT INCLUDE MOLD FLASH.
SN A AN A RN M"—LIMETERS lNCHES
28 157 ) DIM|[ MIN [ MAX | MIN | MAX
s A ﬁ? . A | 13.72 | 14.22 | 0540 | 0.560
ol 14 | astic B | 36.45 | 37.21 | 1.435 | 1.465
Y VY Y YV Y Y Y VY VYV YWY C 165 216 0065 0085
D 2.54 BSC 0.100 BSC
L J E | 1.02 | 1.52 | 0.040 | 0.060
I B 1 — F | 036 | 056 | 0.014 ] 0022
L FH G | 051 | 1.02 | 0.020 | 0.040
J Gf tJ H | 3.94 | 5.08 | 0.155 | 0.200
ol fof ol -t Kl e J | 292 | 343 | 0.115 | 0.135
NOTES: PLANE M | 0.20 | 0.38 | 0.008 | 0.015
1. POSITIONAL TOLERANCE OF LEADS SHALL BE WITHIN
0.25MM (0.010%) AT MAXIMUM MATERIAL CONDITION, IN
RELATION TO SEATING PLANE AND EACH OTHER.
2. DIMENSION L TO CENTER OF LEADS WHEN FORMED PARALLEL.
3. DIMENSION A DOES NOT INCLUDE MOLD FLASH.
Do M N N N A A MILLIMETERS INCHES
40 21 . DIM[ MIN | MAX | MIN | MAX
) g?aglt?c oIP A | 13.72 | 14.22 | 0.540 | 0.560
ol 20 | B | 51.69 | 52.45 | 2.035 | 2.065
pR AT AT ATAT AT AT A TR ATA A S A A A AT A c 1.65 2‘16 0065 0085
D 2.54 BSC 0.100 BSC
. E | 1.02 | 152 | 0.040 | 0.060
) B - i F | 036 | 056 | 0.014 ] 0.022
L EH G | 051 | 1.02 | 0.020 | 0.040
ISER H | 3.94 | 5.08 | 0.155 | 0.200
J ol o fell —t Kol W J [ 2.92 | 3.43 | 0.115] 0.135
CDEF SEATING K| 0 | 15° | 0° | 15°
) PLANE L 15.24 BSC 0.600 BSC
NOTES: M | 0.20 | 0.38 | 0.008 | 0.015
1. POSITIONAL TOLERANCE OF LEADS SHALL BE WITHIN
0.25MM (0.010") AT MAXIMUM MATERIAL CONDITION, IN
RELATION TO SEATING PLANE AND EACH OTHER.
2. DIMENSION L TO CENTER OF LEADS WHEN FORMED PARALLEL.
3. DIMENSION A DOES NOT INCLUDE MOLD FLASH.
MD3 1317
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MECHANICAL DATA

oY oY
P 8 S TA 8 pin
.1 4 MILLIMETERS | __INCHES
o Plastic DIP DIM [ MIN | MAX | MIN | MAX
L A | 6.10 | 6.60 | 0.240 | 0.260
b—8 — B | 9.14 | 102 | 0.360 | 0.400
C [ 038 | 152 [ 0.015 | 0.060
LM D | 254BSC 0.100 BSC
3 E | 7.02 [ 1.78 | 0.040 | 0.070
GFJY F | 038 | 053 | 0.015 | 0.021
- G | 051 | 1.02 | 0.020 | 0.040
"c ke "D l‘",':' SEATING *’K ':v', H | 3.81 | 5.08 | 0.150 | 0.200
NOTES: PLANE J | 292 | 343 | 0115 | 0.135
: K o | 10° | o | 10
1. POSITIONAL TOLERANCE OF LEADS SHALL BE WITHIN L 762850 0.30085C
0.13MM (0.005") AT MAXIMUM MATERIAL CONDITION, IN M 050 | 038 [ 0,008 ] 0075
RELATION TO SEATING PLANE AND EACH OTHER.
2. DIMENSION L TO CENTER OF LEADS WHEN FORMED PARALLEL.
3. DIMENSION A DOES NOT INCLUDE MOLD FLASH.
14 pin

I

0.424 (10.770)

Bottom Brazed Ceramic

0.480 (12.192)

0.436 (11.074) 0.500 (12.7)
| .
0.780 (19.812)
0.800 (20.32)
_ 0.744 (18.898) 0.160 (4.064) 8‘852 (g'ggg)
BASE 0.020 (0.508) 0.756 (19.202) 0.180 (4.572) ) l.
PLANE ™ 0.030 io.762) - |
SEATING ININININININE] f
PLANE =5 =5 =0 ==
0.195 (1.143) 5/ — 0.009 (0.229)
\
GAUGE 0.030 (0.762) B 0.215 (5.461) \/ \ 0.012 (0.305)
PLANE MAX ! 4
0.035 (0.889) -l L—JL —  —0.045 (1.143
0.045 (1.1431) 0.016 (0.406 0.055(1.397) 0.290 (7.866)
—(—)—0_020 (0.508) . 0.310 (7.874)
0.095 (2.413)
0.115 (2.921)
13-18
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AR EER N N A A AN
S mreww 5 v MECHANICAL DATA

NO. OF A B c T

TERMINAL| MIN ~ MAX| MIN ~ MAX| MIN  MAX h
o8 1232 1257[11.43 1158|991 1092 [ I
(0.485) (0.495)((0.450)(0.456 )(0.390) (0.430) l !

44 | 1740 1765[1651 1666|1498 16.00 18 A
(0.685)(0.695)| (0.650)(0.656)| (0.590)(0.630) [ ]
28/44 pin | I

. ._462(0.182) PLCC

4.11(0.162) e)

1.14 (0.045) N
1.27(0.050) — 0.63 (0.025) 1.14 (0.045) x 45degl—
x45deg.NOM 2.41 (0.095) B NOM

"| 2.41 (0. 0.25&%9(10){‘ A
-
c

4
T | o4s(0018)

0.33(0.013)

3 NOM
3° NOM

ALL DIMENSIONS ARE IN MILLIMETERS AND PARENTHETICALLY IN INCHES.

NO. OF A T‘
TERMINALS | MIN  MAX 1
28 11.25 11.73
(.443) (.462)
a4 16.33 16.81
(.643) (.662) Top View A
28/44 pin
Lce
2.49 (.098) MAX
1.83 (.062) MIN
: -
? A 1

64
{oz5) 'YP

Bottom View

No. 1 Index

Il

ALL DIMENSIONS ARE IN MILLIMETERS AND PARENTHETICALLY IN INCHES

MD3 . 13-19



r
o)y MECHANICAL DATA
NO. OF A B c
TERMINALS| MIN MAX | MIN MAX | MIN MAX
28 NA NA NA
16.26 16.77| 17.28 17.79| 1550 16.52
44 (.640) (.660)| (0.680) (0.700)| (0.610) (0.650)
Top View
28/44 pin
cLce
3.43 (.135) MAX
2 54 (.100) MIN
58 (.023) MAX
I 0 33 (- 013) MIN
S—— TYP
""""" T 12

p—
[
o
s 0.81(.032) MAX Bottom View
B C |p— 051(02)MIN
-

-
1. 27
Y +

ALL DIMENSIONS ARE IN MILLIMETERS AND PARENTHETICALLY IN INCHES

MILLIMETERS INCHES
pins | MIN | MAX | MIN | MAX
16 9.01 [ 10.41 | 0.390 | 0.410
20 | 12.45 | 12.95 | 0.490| 0.510
A 24 [ 14.99 | 15.50 | 0.590 | 0.610
— A 28 | 17.53 | 18.03 | 0.690 | 0.710
AAAR MILLIMETERS INCHES
g DIM [ MIN | MAX | MIN | MAX

sSoIC A see table above
)) B 1.27 BSC 0.050 BSC
C 7° NOM 7° NOM
HEHE 04F D | 0.127] 0.330] 0.005] 0.013
+ |+B E | 241 | 2,67 | 0.095] 0.105
F 45° NOM 45° NOM
c Fos  Goye G 7° NOM 7° NOM
i £ H | 0.203] 0.381] 0.008] 0.015
oo TP IE Hag Ll 2 [ 8 | 2 | &
+ Alle—y — J | 742 | 759 | 0.292] 0.298
K K | 876 | 9.02 | 0.345] 0.355
L L [10.16 | 10.67 | 0.400 | 0.420

13-20 ’ MD3
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SALES REPRESENTATIVES

UNITED STATES
WESTERN AREA CENTRALAREA EASTERN AREA
Crystal Semiconductor Corp. Crystal Semiconductor Corp. Crystal Semiconductor Corp.
51 East Campbell Ave. 4210 So. Industrial Dr. 8601 Six Forks Rd. Suite 703
Suite 101B Austin, TX 78744 Raleigh, NC 27615

Campbell, CA 95008
Ph: 408-866-4456
FAX: 408-370-3155

Ph: 512-445-7222
FAX: 512-445-7581

Ph: 919-846-4832
FAX: 919-846-4839

ALABAMA

The Novus Group

2905 Westcorp Blvd., Suite 120
Huntsville, AL 35805

Ph: 205-534-0044

FAX: 205-534-0186

ALASKA

Electronic Engineering Sales

17020 S.W. Upper Boones Ferry Rd.,
Suite 301

Portland, OR 97224

Ph: 503-639-3978

FAX: 503-684-3326

ARIZONA
Reptronix

4625 S. Lakeshore Dr.
Tempe, AZ 85282-7127
Ph: 602-345-4580
FAX: 602-345-4587

ARKANSAS

TL Marketing, Inc.

12200 Stemmons Frwy, Suite 317
Dallas, TX 75234

Ph: 214-484-6800

FAX: 214-241-9315

CALIFORNIA

Earle Associates, Inc.

7585 Ronson Road, Suite 200
San Diego, CA 92111

Ph: 619-278-5441

FAX: 619-278-5443
Easylink: 62835672

Bager Electronics

17220 Newhope St., Suite 209
Fountain Valley, CA 92708
Ph: 714-957-3367

FAX: 714-546-2654

Bager Electronics

6312 Variel Avenue

Suite 204

Woodland Hills, CA 91367
Ph: 818-712-0011

FAX: 818-712-0160

Bager Electronics

519 Encinitas Blvd., Suite 104
Encinitas, CA 92024

Ph: 619-632-8816

FAX: 619-632-8810

* NORCOMP, Inc.

3350 Scott Blvd., #24
Santa Clara, CA 95054
Ph: 408-727-7707
FAX: 408-986-1947

NORCOMP, Inc.

2140 Professional Dr. #200
Roseville, CA 95661

Ph: 916-782-8070

FAX: 916-782-8073

COLORADO

Candal, Inc.

7500 W. Mississippi Ave, Ste. A-2
Lakewood, CO 80226

Ph: 303-935-7128

FAX: 303-935-7310

CONNECTICUT
Alpha-Omega Sales Corp.
P.O. Box 1514

New Milford, CT 06776
Ph: 508-664-1118

FAX: 508-664-3212

DELAWARE
Vantage Sales Company
1930 E. Marlton Pike
Cherry Hill, NJ 08003
Ph: 609-424-6777
FAX: 609-424-8909

DISTRICT OF COLUMBIA
New Era Sales, Inc.

678 Ritchie Highway

Severna Park, MD 21146

Ph: 301-544-4100

FAX: 301-544-6092

SRL3.0 (2/11/90)
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FLORIDA

CM Marketing, Inc.

1435-D Gulf to Bay Boulevard
Clearwater, FL. 34615 :
Ph: 813-443-6390

FAX: 813-443-6312

CM Marketing, Inc.

2020 West McNab Rd.
Suite 126

Ft. . Lauderdale, FL 33309
Ph: 305-973-9375
FAX:305-973-9386

CM Marketing, Inc.

445 Douglas Ave.

Suite 1455-E

Altamonte Springs, FL. 32714
Ph:407-682-7709

FAX: 407-682-7995

GEORGIA

The Novus Group'

6115-A Oakbrook Parkway
Norcross, GA 30093

Ph: 404-263-0320

FAX: 404-263-8946

HAWAII
Call Crystal Head Office
Ph: 512-445-7222

IDAHO

‘Anderson Associates

270 South Main Street, Suite 108
Bountiful, UT 84010

Ph: 801-292-8991

FAX: 801-298-1503

Electronic Engineering Sales

17020 S.W. Upper Boones Ferry Rd,
Suite 301

Portland, OR 97224

Ph: 503-639-3978

FAX: 503-684-3326

ILLINOIS (NORTH)
Micro Sales Inc.

54 West Seegers Road
Arlington Heights, IL 60005
Ph: 708-956-1000

FAX: 708-956-0189

ILLINOIS (SOUTH)
Stan Clothier Co.

3910 Old Hwy. 94 S.
Suite 116

St. Charles, MO 63303
Ph: 314-928-8078

FAX: 314-447-5214

INDIANA

JMK Electronics

7921 Euclio Road, Suite B
Cincinnati, OH 45243
Ph: 513-271-3860

FAX: 513-271-6321

IOWA

Stan Clothier Co.

1930 St. Andrews N.E.
Cedar Rapids, Iowa 52402
Ph: 319-393-1576 -

FAX: 319-393-7317

KANSAS

Stan Clothier Co.
805 S. Clairborne
Olathe, KS 66062
Ph: 913-829-0073
FAX: 913-829-0429

KENTUCKY

JMK Electronics

7921 Euclio Road, Suite B
Cincinnati, OH 45243
Ph: 513-271-3860

FAX: 513-271-6321

LOUISIANA

TL Marketing, Inc.
810 Hwy 6, Suite 120
Houston, Texas 77079
i 713-589-2763
FAX: 713-496-9311

SALES REPRESENTATIVES

MAINE

Alpha-Omega Sales Corp.
325 Main St, Suite 301
North Reading, MA 01864
Ph: 508-664-1118

FAX: 508-664-3212

MARYLAND

New Era Sales, Inc.

678 Ritchie Highway
Severna Park, MD 21146 -
Ph: 301-544-4100

FAX: 301-544-6092

MASSACHUSETTS
Alpha-Omega Sales Corp.
325 Main St, Suite 301
North Reading, MA 01864
Ph: 508-664-1118

FAX: 508-664-3212

MICHIGAN

J. L. Montgomery Associates, Inc.
34405 W. 12 Mile Rd., Suite 149
P. 0. Box 2726

Farmington Hills MI 48333-2726
Ph: 313-489-0099

FAX: 313-489-0189

MINNESOTA

The Twist Company
10125 Crosstown Circle,
Suite 200

Eden Prairie, MN 55344
Ph: 612-941-2040

FAX: 612-941-9326

MISSISSIPPI

The Novus Group

2905 Westcorp Blvd, Suite 120
Huntsville, AL 35805

Ph: 205-534-0044

FAX: 205-534-0186

14-4
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SALES REPRESENTATIVES

MONTANA

Electronic Engineering Sales
8405 165th Avenue NE
Redmond, WA 98052

Ph: 206-883-3374

Fax: 206-882-1347

Candal, Inc.

7500 W. Mississippi Ave, Ste. A-2

Lakewood, CO 80226
Ph: 303-935-7128
FAX: 303-935-7310

NEBRASKA
Stan Clothier Co.
805 S. Clairborne
Olathe, KS 66062
Ph: 913-829-0073
FAX: 913-829-0429

NEVADA
NORCOMP, Inc.

3350 Scott Blvd., #24
Santa Clara, CA 95054
Ph: 408-727-7707
FAX: 408-986-1947

NEVADA (LAS VEGAS)
Reptronix

4625 S. Lakeshore Dr.

Tempe, AZ 85252-7127

Ph: 602-345-4580

FAX: 602-839-3841

NEW HAMPSHIRE
Alpha-Omega Sales Corp.
325 Main St, Suite 301
North Reading, MA 01864
Ph: 508-664-1118

FAX: 508-664-3212

NEW JERSEY (NORTH)
HLM Associates

1300 Route 46

Parsippany, NJ 07054

Ph: 201-263-1535

- FAX: 201-263-0914

NEW JERSEY (SOUTH)
Vantage Sales Company

1930 E. Marlton Pike

Cherry Hill, NJ 08003

Ph: 609-424-6777

FAX: 609-424-8909

NEW MEXICO
Reptronix

237-C Eubank Blvd N.E.
Albuquerque, NM 87123
Ph: 505-292-1718

FAX: 505-299-1611

NEW YORK

HLM Associates

64 Mariners Lane
Northport, NY 11768
Ph: 516-757-1606
FAX: 516-757-1636

Bob Dean, Inc.

2415 North Triphammer Road
P.O.Box E

Ithaca, NY 14851

Ph: 607-257-1111

FAX: 607-257-3678

Bob Dean, Inc.

Suite 1D, Hollowbrook Park
15 Myers Corner Road
Wappingers Falls, NY 12590
Ph: 914-297-6406

FAX: 914-297-5676

NORTH CAROLINA
The Novus Group

102L Commonwealth Ct.
Cary, NC 27511

Ph: 919-460-7771

FAX: 919-460-5703

OHIO (South)

JMK Electronics

7921 Euclid Road, Suite B
Cincinnati, OH 45243
Ph: 513-271-3860

FAX: 513-271-6321

JMK Electronics

6216 S. Old 3C Hwy
Westerville, OH 43081
Ph: 614-895-2779
FAX: 513-271-6321

OHIO (North)

JMK Electronics

7050 Engle Rd., Suite 100
Middleburg Heights, OH 44130
Ph: 216-234-1202

FAX: 216-234-1910

OKLAHOMA

TL Marketing, Inc.

12200 Stemmons Frwy, Suite 317
Dallas, Texas 75234

Ph: 214-484-6800

FAX: 214-241-9315

OREGON

Electronic Engineering Sales

17020 S.W. Upper Boones Ferry Rd.,
Suite 301

Portland, OR 97224

Ph: 503-639-3978

FAX: 503-684-3326

PENNSYLVANIA

JMK Electronics

7050 Engle Rd., Suite 100
Middleburg Heights, OH 44130
Ph: 216-234-1202

FAX: 216-234-1910

Vantage Sales Company
1930 E. Marlton Pike
Cherry Hill, NJ 08003
Ph: 609-424-6777
FAX: 609-424-8909

SRL3.0 (2/11/90)
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RHODE ISLAND
Alpha-Omega Sales Corp.
325 Main St, Suite 301
North Reading, MA 01864
Ph: 508-664-1118

FAX: 508-664-3212

SOUTH CAROLINA
The Novus Group

102L Commonwealth Ct.
Cary, NC 27511

Ph: 919-460-7771

FAX: 919-460-5703

SOUTH DAKOTA
The Twist Co.

10125 Crosstown Circle,
Suite 200

Eden Prairie, MN 55344
Ph: 612-941-2040

FAX: 612-941-9326

TENNESSEE (WEST)
The Novus Group

2905 Westcorp Blvd., Suite 120
Huntsville, AL 35805

Ph: 205-534-0044

FAX: 205-534-0186

TENNESSEE (EAST)
The Novus Group

6115-A Oakbrook Parkway
Norcross, GA 30093

Ph: 404-263-0320

FAX: 404-263-8946

TEXAS

TL Marketing, Inc.

7745 Chevy Chase, Suite 360
Austin, Texas 78752

Ph: 512-453-4586

FAX: 512-467-7370

TL Marketing, Inc.
810 Hwy 6, Suite 120
Houston, Texas 77079
Ph: 713-589-2763
FAX: 713-496-9311

TL Marketing

12200 Stemmons Frwy, Suite 317
Dallas, Texas 75234

Ph: 214-484-6800

FAX: 214-241-9315

UTAH

Anderson Associates

270 South Main Street, Suite 108
Bountiful, UT 84010

Ph: 801-292-8991

FAX: 801-298-1503

VERMONT
Alpha-Omega Sales Corp.
325 Main St, Suite 301
North Reading, MA 01864
Ph: 508-664-1118

FAX: 508-664-3212

VIRGINIA

New Era Sales, Inc.

678 Ritchie Highway
Severna Park, MD 21146
Ph: 301-544-4100

FAX: 301-544-6092

WASHINGTON
Electronic Engineering Sales
8405 165th Avenue NE
Redmond, WA 98052

Ph: 206-883- 3374

FAX: 206-882-1347

SALES REPRESENTATIVES

WEST VIRGINIA
JMK Electronics

7921 Euclio Rd, Suite B
Cincinnati, Ohio 45243
Ph: 513-271-3860

Fax: 513-271-6321

WISCONSIN (S.E.)

Micro Sales, Inc.

16800 W. Greenfield Ave., Suite 116
Brookfield, WI 53005

Ph: 414-786-1403

FAX: 414-786-1813

WISCONSIN (N.W.)
The Twist Co.

10125 Crosstown Circle,

Suite 200

Eden Prairie, MN 55344
Ph: 612-941-2040

FAX: 612-941-9326

WYOMING

Candal, Inc.

7500 W. Mississippi Ave.,
Suite A-2

Lakewood, CO 80226
Ph: 303-935-7128

FAX: 303-935-7310
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SALES REPRESENTATIVES

U. S. DISTRIBUTORS
ALABAMA FLORIDA MICHIGAN
Reptron Electronics Reptron Electronics (Detroit)
4950 Corporate Drive, Suite 105C 3320 N.W. 53rd St., Suite 206 Reptron Electronics
Huntsville, AL 35805 Fort Lauderdale, FL 33309 34403 Glendale
Ph: 205-722-9500 Ph: 305-735-1112 Livonia, MI 48150

FAX: 205-722-9565

ARIZONA
Insight Electronics
Tempe, AZ

1525 W. University Drive, Suite 103

Tempe, AZ 85281

Ph: 602-829-1800

Ph: 602-792-1800 (Tucson)

Ph: 505-823-1800 (New Mexico)
FAX: 602-967-2658

CALIFORNIA

(Los Angeles)

Insight Electronics

28038 Dorothy Drive Suite 2
Agoura, CA 91301

Ph: 818-707-2100 (San Fernando
Valley)

Ph: 805-484-9599 (Ventura Co.)
Ph: 213-466-1196 (LosAngeles)
Ph: 818-358-0389 (San Gabriel)
FAX: 818-707-0321

(Orange County)

Insight Electronics

75635 Alton Parkway, Suite 120
Irvine, CA 92718

Ph: 714-556-6890

Ph: 714-727-2111 (Irvine)

FAX: 714-727-1804

Insight Electronics
6885 Flanders Drive
San Diego, CA 92121
Ph: 619-587-0471
FAX: 619-587-1380

Merit Electronics

2070 Ringwood Avenue
San Jose, CA 95131

Ph: 408-434-0800

FAX: 408-434-0935

FAX: 305-735-1121

Reptron Electronics
15420 Racetrack Rd.
Tampa, FL 33626
Ph: 813- 855-4656
FAX: 813-855-7660

GEORGIA

Reptron Electronics

3040 Business Park, Suite H
Norcross, GA 30071

Ph: 404-446-1300

FAX: 404-446-2991

ILLINOIS

(Chicago)

Reptron Electronics

1000 E. State Parkway, Suite K
Schaumburg, IL 60195

Ph: 708-882-1700

FAX: 312-882-8904

MARYLAND

Nu-Horizons Electronics

8975 Guilford Road, Suite 120
Columbia, MD 21046

Ph: 301-995-6330

FAX: 301-995-6332

MASSACHUSETTS
North Star Electronics
100 Research Dr.
Wilmington, MA 01887
Ph: 508-657-5155

FAX: 508-657-6559

Ph: 313-525-2700
FAX: 313-525-3209

MINNESOTA
(Minneapolis)

Reptron Electronics
5929 Baker Road
Minnetonka, MN 55345
Ph: 612-938-0000
FAX: 612-938-3995

NEW JERSEY
Nu-Horizons Electronics
39 U.S. Route 46

Pine Brook, NJ 07058
Ph: 201-882-8300

FAX: 201-882-8398

Nu- Horizons
2002C Greentree
Executive Campus
Marlton, NJ 08058
Ph: 609-596-1833
FAX: 609-596-0612

NEW YORK
Nu-Horizons Electronics
6000 New Horizons Blvd.
North Amityville, NY 11701
PH: 516-226-6000

FAX: 516-226-6140

Nu-Horizons Electronics
100 Bluff Drive
Rochester, NY 14445
Ph: 716-248-5980

FAX: 716-248-9132

SRL3.0 (2/11/90)
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SALES REPRESENTATIVES

U. S. Distributors (Cont.)

NORTH CAROLINA
Reptron Electronics
5954-A Six Forks Rd.
Raleigh, NC 27609

Ph: 919-870-5189

FAX: 919-870-5210

OHIO

(Cleveland)

Reptron Electronics
30640 Bainbridge Rd.
Solon, OH 44139

Ph: 216-349-1415
FAX: 216-349-1634

(Columbus)

Reptron Electronics

404 E. Wilson Bridge Rd, Suite A
Worthington, OH 43085

Ph: 614-436-6675

FAX: 614-436-4285

OREGON

Insight Electronics

10260 S.W. Numbus, Suite M10
Tigard, OR 97223

Ph: 503-620-8080

FAX: 503-620-1174

PENNSYLVANIA

Nu-Horizons Electronics

2002C Greentree Executive Campus
Marlton, NJ 08053

Ph: 215-557-6450

FAX: 609-596-0612

TEXAS

(Dallas)

Insight Electronics

1778 N. Plano Road, Suite 320
Richardson, TX 75081

Ph: 214-783-0800 (Richardson)
Ph: 817-338-0800 (Ft. Worth)
FAX: 214-680-2402

Insight Electronics

10500 Richmond Executive Suites,
Suite 201

Houston, TX 77042

Ph: 713-448-0800

Insight Electronics
6034 W. Courtyard Dr.
Suite 305-49

Austin, TX 78730

Ph: 512-467-0800
FAX: 214-680-2402

WASHINGTON
Insight Electronics
12002 115th Ave. N.E.
Kirkland, WA 98034
Ph: 206-820-8100
FAX: 206-821-2976

CANADA
ALBERTA MANITOBA | ONTARIO - Toronto
Hi-Tech Sales SASKATCHEWAN ESP
Site 12, Box 11,R.R. 4 Hi Tech Sales 5200 Dixie Road #201
Calgary, Alberta T2M 414 #17-360 Keewatin St. Missisauga, Ontario
Ph: 403-239-8518 1AW 1E4

FAX: 403-241-2539

BRITISH COLUMBIA
Hi Tech Sales

8521-132nd Street

Surrey, BC V2W 4N8

Ph: 604-596-1886

FAX: 604-596-5992

Winnipeg, Manitoba R2X 2Y3
Ph: 204-694-0000
FAX: 204-694-0433

ONTARIO - Ottawa
ESP

447 McLeod Street, Suite #03
Ottawa, Ontario

KI1R 5P5

Ph: 613-236-1221

FAX: 613-236-7119

Toll Free: 1-800-387-7599

Ph: 416-626-8221
FAX: 416-238-3277
Toll Free: 1-800-387-7599

QUEBEC - Montreal
ESP

4250 Rue Sere

St. Laurent, Quebec H4T 1A6
Ph: 514-737-9344

FAX: 514-737-4128
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SALES REPRESENTATIVES

EUROPE
AUSTRIA HOLLAND SWEDEN
Hitronik Alcom Electronics Ab Gosta Backstrom
St. Veitgasse 51 Essebaan 1 Alstromergatan 22
A-1130 Wien 2908 LJ Capelle A/D IJSSEL P.O. Box 12009
Austria Holland 10221 Stockholm
Ph: +43(0222)824199 Ph: +31(010)4519533 Sweden

FAX: +43(0222)8285572
TLX: 847-134404

BELGIUM

D & D Electronics

VII Olympiadelaan 93
B-2020 Antwerp
Belgium

Ph: +32(0382)77934
TLX: 73121

DENMARK
Scansupply

Nannasgade 18-20
DK-2200 Copenhagen-N,
Denmark

Ph: +45(31)835090
FAX: +45(31)832540
TLX: 19037

FINLAND

Oy Ferrado AB
Valimotie 1A

P.O. Box 54
SF-00381 Helsinki
Finland

Ph: +358(0)550002
FAX: +358(0)551117
TLX: 122214

FRANCE

Newtek

8, Rue De L’Esterel
Silic 583

94663 Rungis Cedex
France

Ph: +33(01468)72200
FAX: +33(014687)8049
TLX: 842-263046

FAX: +31(010)4586482

ISRAEL

Telsys

Atidim Industrial Park Bldg. 3
Dvora Hanevia St., Neve Sharet,
Tel-Aviv 61431, Israel

Ph: +972(03)492001

TLX: 32392 and 371279

FAX: +972(03)497407

ITALY

Cramer Italia

134 Via Cristoforo Colombo
00147 Roma, Italia

Ph: +39(0651)7981

FAX : +39(0651)40722
TLX: 611517

NORWAY

OTE Komponent

P. O. Box 200
Leirdal

1011 Oslo 10
Norway

Ph: +47(02)306600
FAX: +47(02)321360

SPAIN
Semiconductores, SA
Rda. General Mitre, 240
08006 Barcelona

Spain

Ph: +34(93217)2340
FAX: +34(93217)6598
TLX: 97787 SMCDE

Ph: +46(08541)080
FAX: +46(08531)251
TLX: 10135

SWITZERIAND
Memotec AG
Gaswerkstrasse 32

P. O. Box

4901 Langenthal
Switzerland

Ph: +41(063)281-122
FAX: +41(063)223-506
TLX: 845-982550

UNITED KINGDOM
Sequoia Technology

Unit 5

Bennet Place

Bennet Road

Reading

Berks RG2 0QX

United Kingdom

Ph: +44(0734)311822
FAX: +44(0734)312676

W. GERMANY
Atlantik Elektronik GmbH
Fraunhofer Strasse, 11A
8033 Martinsried

Munich, W. Germany

Ph: +49(089)8570000
FAX: +49(089)8573702
TLX: 841-521-5111

Atlantik Elektronik GmbH
Hamburg, W. Germany
Ph: +49(040)437910
FAX: +49(040)4396092

SRL3.0 (2/11/90)
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SALES REPRESENTATIVES

FAR EAST

AUSTRALIA

Ericsson Components Pty., Ltd.
202 Bell Street, Preston
Victoria 3072

Australia

Ph: +61(03)480-1211

TLX: FIFMEL AA31001
FAX: +61(03)484-3645

HONG KONG

Active Action Industrial Ltd.
Room Al, 5/F., Hay Wah Building
71-85, Hennessy Road,

Wan Chai, Hong Kong

Ph: +852(05)866-9531

FAX: +852(05)294-177

Dynatek Electronics Ltd.

Unit 701, 7/F1,

Hong Leong Industrial Complex
4 Wang Kwong Rd.

Kowloon Bay, Hong Kong

Ph: +852(03)796-6689

FAX: +852(03)796-6109

JAPAN

Asahi Kasei Microsystems Co., Ltd.
Yoyogi Community Bldg. 3F

11-2, Yoyogi 1-Chome,
Shibuya-ku, Tokyo , Japan

Ph: +81(03)320-2062

FAX:+ 81(03)320-2072/73

TLX: 222-2792 - AKMCJ

KOREA

Eastern "Electronics Inc.
3rd Floor, Yoowha Building,
995-16, Daechi-Dong,
Kangnam-Ku, Seoul, Korea
Ph: +82(02)566-0514

FAX: +82(02)553-2998

NEW ZEALAND
Mr. Ken Cullen

34 Onepoto Rd.
Takapuna, Auckland 9,
New Zealand

FAX: +64(09)498-269

SINGAPORE

Scan Technology (S) Pte Ltd.
Block 50, Kallang Bahru
#04-01/03 Kallang Basin
Industrial Estate

Singapore 1233

Ph: +65(0294)2112

FAX: +65(0296)1685

TAIWAN

Uchain Component Co., Ltd.

1 FlL,, No. 10, Lane 107, Sec. 2,
Ho-Ping E. Rd., Taipei,
TAIWAN, R.O.C.

Ph: +886(02)704-7440

FAX: +886(02)703-1556

Leadtorn Industrial Inc.

2F., No. 46, Chung Yuan Street
Taipei, Taiwan, R.O.C.

Ph: +886(02)571-7241

FAX: +886(02)511-3713

Pensound International Corp.

F1. 6th No. 218 Tun-Hwa North Rd.
Taipei, Taiwan R.O.C.

Ph: +886(02)716-9056

FAX: +886(02)717-1647

TLX: 21980 PENSOUND
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CRYSTAL SEMICONDUCTOR CORPORATION
P.O. Box 17847

4210 S. Industrial Dr.

Austin, Texas 78744

1990 DADB3.0

Tel:

Fax:

(512) 445-7222
(800) 888-5016
(512) 445-7581



