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DSP-Compatible Sampling Single/Dual
ANALOG-TO-DIGITAL CONVERTERS

FEATURES DESCRIPTION

e ZERO-CHIP INTERFACE TO STANDARD The DSP101 and DSP102 are high performance sam-
DSP ICs: AD, AT&T, MOTOROLA, TI pling Analog-to-Digital (A/D) converters designed for

e SINGLE CHANNEL: DSP101 simplicity of use with modern digital signal process-

ing ICs. Both are complete with all interface logic for
use directly with DSP ICs, and provide full sampling
and conversion at rates up to 200kHz.

e DUAL CHANNEL: DSP102
Two Serial Outputs or Cascade to Single

32-Bit Word . . .
e SAMPLING RATE TO 200kHz The .DSPlOlloffers asingle conversion channel, vv_|th
18 hits of serial data output, allowing the user to drive
* D.YNAMIC _SPECIF_ICAT_IONS: 16-bit, 24-bit, or 32-bit DSP ports. The DSP102 offers
Signal/(Noise + Distortion) = 85dB; two complete conversion channels, with either two
Spurious-Free Dynamic Range = 94dB; full 18-bit output ports, or a mode to cascade two

THD = -91dB

e SERIAL OUTPUT DATA COMPATIBLE
WITH 16-, 24-, AND 32-BIT DSP IC

16-bit conversions into a 32-bit port as one word.

Both the DSP101 and DSP102 are packaged in stan-
dard, low-cost DIP-28 packages. Each is offered in

FORMATS two performance grades to match application require-
ments.
Convert
Command
Control - Select Sync Format
Logic
Analog . Channel A User Tag In
Input O 18-Bit Sampling ADC
Channel A Channel A Data/
Cascaded Data
. Sync
- Reference Bit Clock
e e s [l 1
[ \
} L~ Channel B Data }
} Analog . . I
| Input O— 18-Bit Sampling ADC l«—— Channel B User Tag In }
| Channel B |
| -—— Cascade |
| Channel B on DSP102 Only |
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SPECIFICATIONS

AtT,=0°Cto 70°C, £2.75V input signal, sampling frequency (fs) = 200kHz, V+ = Vp = +5V, V,— =-5V, 16MHz external clock on OSC1, CLKOUT tied to CLKIN, 8MHz
data transfer clock on XCLK, data analysis band-limited to 20kHz, unless otherwise specified.

DSP101JP DSP101KP
DSP102JP-1 DSP102JP DSP102KP
PARAMETER CONDITIONS MIN TYP MAX MIN TYP MAX MIN TYP MAX UNITS
RESOLUTION 18 0 0 Bits
ANALOG INPUT
Voltage Range 12.75V 0 ] Vv
Impedance 1 0 ] kQ
Capacitance 20 0 ] pF
THROUGHPUT SPEED
Complete Cycle Acquisition + Conversion 5 0 0 us
Throughput Rate 200 0 0 kHz
AC ACCURACY®
Signal-to-(Noise + Distortion) Ratio fiy = 1kHz 76 79 79 82 82 85 dB@
fiv = 1kHz (-60dB) 32 0 1] dB
fiy = 25kHz 82 0 o dB
Total Harmonic Distortion fin = 1kHz -90 -86 -91 -89 -91 -89 dB
Spurious-Free Dynamic Range fin = 1kHz 89 92 92 94 92 94 dB
Signal-to-Noise Ratio (SNR) fin = 1kHz 79 82 82 85 85 88 dB
DC ACCURACY
Gain Error 5 0 0 %
Gain Error Mismatch DSP102 Channels +2 0 0 %
Integral Linearity +2.75V Input Range Sufficient to meet AC Accuracy Specifications
Differential Linearity +2.75V Input Range
Integral Linearity Error +0.7V Input Range +0.003 0 ] %
Differential Linearity Error +0.7V Input Range +0.002 0 ] %
No Missing Codes +0.7V Input Range 14 0 ] Bits
Bipolar Zero Error ®) +2 mv
Bipolar Zero Mismatch ) DSP102 Channels +2 mv
Power Supply Sensitivity -5.25V < V- < -4.75V -60 0 ] dB
+4.75V<Vy+, Vp+<+5.25V -60 0 1] dB
SAMPLING DYNAMICS
Aperture Delay 30 0 0 ns
Aperture Jitter 100 0 ] ps, rms
Transient Response 1 0 ] us
Overvoltage Recovery 5 0 ] us
DIGITAL INPUTS
Logic Levels (Except OSC1)
Vi I, = +10pA 0 +0.8 O 0 0 0 \%
Vi Iy = £10pA 2.4 +5 O 0 0 O \%
0SC1 Clock T4HC Compatible
Frequency 16 MHz
Data Transfer Clock (XCLK)
Frequency 0.1 12 O 0 0 O MHz
Duty Cycle 40 50 60 0 0 0 0 %
Conversion Clock (CLKIN)
Frequency 05 533 O 0 0 O MHz
Duty Cycle 25 33 55 0 o 0 0 o O %
DIGITAL OUTPUTS
Format Serial: MSB first; 16/18-bit and Cascaded 32-bit Mode
Coding Binary Two's Complement
Logic Levels (Except OSC2)
Vou Isnk = 4mA 0 +0.4 O 0 0 0 \%
Vou Isource = 4mA 2.4 +5 0 0 0 0 \%
0SC2 Can only be used to drive crystal oscillator.
Conversion Clock (CLKOUT)
Drive Capability +2mA ] ] mA
POWER SUPPLIES
Rated Voltage
Vpt +4.75 +5 +5.25 0 o 0 0 o O \%
V- -5.25 -5 -4.75 0 o 0 0 o O \%
Vp +4.75 +5 +5.25 0 o 0 0 o O \%
Power Consumption XCLK = OSC1 = 12MHz 250 425 0 0 | 0 mwW
Supply Current XCLK = OSC1 = 12MHz
I+ 30 45 0 0 0 0 mA
Ip— -18 -25 0 0 0 0 mA
Ip 5 15 0 0 0 0 mA
TEMPERATURE RANGE
Specification 0 +70 0 0 0 0 °C
Storage -65 +125 O 0 0 0 °C

NOTES: (1) All dynamic specifications are based on 2048-point FFTs, using four-term Blackman-Harris window. (2) All specifications in dB are referred to a full-scale input, £2.75Vp-p. (3) Adjustable

to zero with external potentiometer.
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TYPICAL DSP102 FFT SETUP

Briiel & Kjaer 6 Pole,
Model 1049 | KHZ | 5014,
Digital Signal | 45 75y| Low-Pass

Generator Filter

DSP102
22
REF CASC |——O0 +5Vv
SSF [Fr——my
VINA 13 =
0OSC1 |16MHz TTL Oscillator
1 CLKOUT 11
10
VPOTA CLKIN j
21 200kHz
VINB CONV
16 8MHz
XCLK ¢ Burr-Brown
15 ZPB34
VPOTB YN
SYNC DSP
souTa |29 Processor
|
FFT
Software

ABSOLUTE MAXIMUM RATINGS

V,+ to Analog Common ... e ¥V
V,— to Analog Common e =TV
Vp to Digital Common ................. e FTV
Analog Common to Digital COMMON .........ccceiiiiiiiiiiiiieie e +1V

Control Inputs to Digital Common .. -0.5to Vp + 0.5V
ANalog INPUE VORAGE ......eeeiiiiiieiii et +5V

ELECTROSTATIC
DISCHARGE SENSITIVITY

This integrated circuit can be damaged by ESD. Texas
Instrumentsrecommendsthat all integrated circuits be handled
with appropriate precautions. Failure to observe proper

Maximum Junction Temperature . 150°C . . .
Internal Power Dissipation ........... .. 8256mwW handlmg and installation procedur& Can cause damage‘
Lead Temperature (SOIdering, 10S) . .vceovsovsvsssssvssvsnses +300°C Electrostatic discharge can cause damage ranging from
Thermal Resistance, 0;,, Plastic DIP ............cccccoooiiiiiiiiicie 50°C/W . h .
performance degradation to complete device failure. Texas
Instrumentsrecommendsthat all integrated circuits be handled
and stored using appropriate ESD protection methods.
PACKAGE/ORDERING INFORMATION
SIGNAL-TO-
NUMBER (NOISE + DIST.) PACKAGE SPECIFICATION
OF RATIO DRAWING TEMPERATURE ORDERING TRANSPORT
PRODUCT CHANNELS dB (min) PACKAGE NUMBER RANGE NUMBER MEDIA
DSP101JP 1 79 DIP-28 215 —25°C to +85°C DSP101JP Rails
DSP101KP 1 82 DIP-28 215 -25°C to +85°C DSP101KP Rails
DSP102JP-1 2 76 DIP-28 215 —25°C to +85°C DSP102JP-1 Rails
DSP102JP 2 79 DIP-28 215 -25°C to +85°C DSP102JP Rails
DSP102KP 2 82 DIP-28 215 —25°C to +85°C DSP102KP Rails
3 1,
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DSP101 PIN CONFIGURATION

DSP101 PIN ASSIGNMENTS

Top View DIP
VPOT E EI AGND
VIN IZ EI REF
MSB E EI CAP
VOS IZ EI
w5 m
w [ B
DGND E DSP101 EI DGND
DGND Iz EI CONV
Vp IE EI SOuUT
CLKIN E EI
CLKOUT E EI TAG
SSF E EI
0OSC1 E EI XCLK
0sc2 E EI SYNC
4

PIN # NAME DESCRIPTION

1 VPOT Trim Reference Out. 10pF Tantalum to AGND.
Voltage on this pin is approximately 2.75V.

2 VIN Analog In.

3 MSB MSB Adjust In.

4 VOS VOS Adjust In.

5 Va— -5V Analog Power.

6 Vat+ +5V Analog Power.

7 DGND Digital Ground.

8 DGND Digital Ground.

9 Vp +5V Digital Power.

10 CLKIN Conversion Clock In.

11 CLKOUT | Conversion Clock Out. Can drive multiple
DSP101/DSP102s to synchronize conversion.

12 SSF Select Synch Format In. If HIGH, SYNC will be
active High. If LOW, SYNC will be active Low.
See timing diagram (Figure 1).

13 OSC1 Oscillator Point 1 Input/External Clock In. If using
external clock, drive with 74HC logic levels.
Connect to DGND if not used.

14 0sc2 Oscillator Point 2 Output. Provides drive for
crystal oscillator. Make no electrical connection if
using external clock.

15 SYNC Data Synchronization Out. Active High when SSF
is HIGH; active Low when SSF is LOW.

16 XCLK Data Transfer Clock In.

17 No Internal Connection.

18 TAG User Tag In. Data clocked into this pin is
appended to the conversion results on SOUT.
See timing diagram (Figure 1).

19 No Internal Connection.

20 SOuUT Serial Data Out. MSB first, Binary Two'’s
Complement format.

21 CONV Convert Command In. Falling edge puts converter
into hold state, initiates conversion, and transmits
previous conversion results to DSP IC with
appropriate SYNC pulse.

22 DGND Digital Ground.

23 No Internal Connection.

24 No Internal Connection.

25 No Internal Connection.

26 CAP Bypass Capacitor. 10puF Tantalum to AGND.
Voltage on this pin is approximately 2.7V.

27 REF Reference Bypass. 0.1uF Ceramic to AGND.
Voltage on this pin is approximately 3.8V.

28 AGND Analog Ground.

{'} TEXAS

INSTRUMENTS

DSP101, 102

SBAS003A




DSP102 PIN CONFIGURATION

DSP102 PIN ASSIGNMENTS

Top View DIP
VPOTA E El AGND
VINA IZ EI REF
MSBA E El VPOTB
VOSA IZ El VINB

Ve E E MSBB
Vit E El VOSB
DGND E DSP102 El CcASC
DGND E E CONV
Vp Iz El SOUTA
CLKIN E E TAGB
CLKOUT IE EI TAGA
SSF E El SOUTB
osc1 E E XCLK
osc2 E EI SYNC

DSP101, 102
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PIN # NAME DESCRIPTION

1 VPOTA Channel A Trim Reference Out. 10uF Tantalum to
AGND. Voltage on this pin is approximately 2.75V.

2 VINA Channel A Analog In.

3 MSBA Channel A MSB Adjust In.

4 VOSA Channel A VOS Adjust In.

5 Va— -5V Analog Power.

6 Vat+ +5V Analog Power.

7 DGND Digital Ground.

8 DGND Digital Ground.

9 Vp +5V Digital Power.

10 CLKIN Conversion Clock In.

11 CLKOUT | Conversion Clock Out. Can drive multiple DSP101/
DSP102s to synchronize conversion.

12 SSF Select Synch Format In. If HIGH, SYNC will be
active High. If LOW, SYNC will be active Low. See
timing diagram (Figure 1).

13 OSC1 Oscillator Point 1 Input / External Clock In. If using
external clock, drive with 74HC logic levels.
Connect to DGND if not used.

14 0sC2 Oscillator Point 2 Output. Provides drive for crystal
oscillator. Make no electrical connection if using
external clock.

15 SYNC Data Synchronization Out. Active High when SSF
is HIGH; active Low when SSF is LOW.

16 XCLK Data Transfer Clock In.

17 SOUTB Channel B Serial Data Out. MSB first, Binary
Two’s Complement format.

18 TAGA Channel A User Tag In. Data clocked into this pin
is appended to the conversion results of SOUTA.
See timing diagram (Figure 1).

19 TAGB Channel B User Tag In. Data clocked into this pin
is appended to the conversion results of SOUTB.
See timing diagram (Figure 1).

20 SOUTA Channel A Serial Data Out. MSB first, Binary
Two’s Complement format. If CASC is HIGH, 32
bits of data output, with first 16 bits being Channel
A data.

21 CONV Convert Command In. Falling edge puts converter
into hold state, initiates conversion, and transmits
previous conversion results to DSP IC with
appropriate SYNC pulse.

22 CASC Select Cascade Mode In. If HIGH, DSP102
transmits a 32-bit word on SOUTA, with the first 16
bits being data on Channel A. If LOW, DSP102
transmits data for both channels simultaneously.

23 VOSB Channel B VOS Adjust In.

24 MSBB Channel B MSB Adjust In.

25 VINB Channel B Analog In.

26 VPOTB Channel B Trim Reference Out. 10uF Tantalum to
AGND. Voltage on this pin is approximately 2.75V.

27 REF Reference Bypass. 0.1uF Ceramic to AGND.
Voltage on this pin is approximately 3.8V.

28 AGND Analog Ground.
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TYPICAL PERFORMANCE CURVES

At Tp = +25°C, Vp+ = Vpt = +5V, V— = Vp— = -5V, Sampling Frequency fg = 200kHz; External Clock Input at OSC1 = 80fg = 16MHz, XCLK = 40f5 = 8MHz; Using
2048 Point FFT; Data analysis limited to 0 to 20kHz band; Unless otherwise specified.

SINAD means Signal-to-(Noise + Distortion) Ratio.
SNR means Signal-to-Noise Ratio excluding harmonics
thru the 8th.

THD means Total Harmonic Distortion thru 8th harmonic.
SFDR means Spurious Free Dynamic Range, including
harmonics.

FREQUENCY SPECTRUM of £2.75V, 1kHz INPUT
(Average of 12 FFTs, No Window Used)

FREQUENCY SPECTRUM of +2.75V, 20kHz INPUT
(Using Four-Term Blackman-Harris Window)

0 0
-20
-30
%, % -40
[0} [}
2 60 S 60
£ =
g g
= =
-90
-120 | |
0 25 50 75 100
Frequency (kHz) Frequency (kHz)
FREQUENCY SPECTRUM of +2.75V, 451kHz INPUT INTERMODULATION DISTORTION WITH 1kHz AND 3kHz INPUTS
(Using Four-Term Blackman-Harris Window) (Using Four-Term Blackman-Harris Window)
0 0
-20 -20 l
Undersampling
o -40 o -40
Z k=)
© 8
2 S 60
= =
g g
= = -80
-100
-120
100 0 25 50 75 100
Frequency (kHz) Frequency (kHz)
DSP102 CHANNEL SEPARATION ON CHANNEL B WITH
+2.75V, 1kHz INPUT ON CHANNEL A DYNAMIC PERFORMANCE vs TEMPERATURE
0 80 T -80
fiy = 1kHz, £2.75V
—20 %’ —s\\
x 8 ~ -85
@ - 5 \
Z n ~
pY 2 ~— SINAD [
° c NN\ ~
3 -60 c 90 -90 A
£ x N \ — THD 2
2 % F
) | ——
= -8 g SNR
<Z( 95 AN -95
~100 ? \
SFDR
100 -100
—55 —40 -25 0 25 70 85 125
Frequency (kHz) Ambient Temperature (°C)
3 1,
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TYPICAL PERFORMANCE CURVES (cont.)

At Tp = +25°C, Vpt = Vpt+ = +5V, V— = Vp— = -5V, Sampling Frequency f5 = 200kHz; External Clock Input at OSC1 = 80fg = 16MHz, XCLK = 40f5 = 8MHz; Using
2048 Point FFT; Data analysis limited to 0 to 20kHz band; Unless otherwise specified.

DYNAMIC PERFORMANCE vs TEMPERATURE

(fs = 180kHz Asychronous to 12.288MHz DYNAMIC PERFORMANCE vs TEMPERATURE
Crystal Between OSC1 and OSC2) (Data Analysis Over Full 0 to 100kHz Band)
70 — -70 75 — -75
fiy = 1kHz, +2.75V [ | fy = 1kHz, £2.75V
@ 75 -75 @ RN
g \ g 80 -80
0% o o~ SINAD
2 80 \\ -80 e ~—
2 T 9 85 -85 &
E N g 3 SR g
SINAD - <
& 85 85 5 & S 5
g N E 2 o0 % F
D g N THD % 7] ~N -
g N h ) THD
< SNR <
Z Z 95 -95
» 95 -95 o
SFDR
SFDR
100 -100 100 -100
—55 —40 —25 0 25 70 85 125 —55 —40 25 0 25 70 85 125
Ambient Temperature (°C) Ambient Temperature (°C)
DYNAMIC PERFORMANCE vs CONVERSION RATE
HISTOGRAM OF 5k CONVERSION RESULTS ON DSP102 (Data Analysis over Full 0 to f/2 Band,
(Both Inputs Grounded) OSC1 = 12.288MHz, XCLK = 3.072MHz)
g 250 70 f,, = 1kHz, +2.75V (0dB) -0
— = z, +2.
© SINAD N
2000 S SNR -
- =
£ o
o [ channel A g 8 -80
< 1500 ) ~— =
o [ channel B © S
5 G 85 -85
[ 14 THD I
3 1000 Z =
> n —
g 5 9 — -90
© S SFOR | ————_|
5 500 z
= » 95 -95
[}
Qo
E [1_
3 0 . 100 -100

Code FFF1 FFF7 0000 000E 0 30 60 90 120 150 180

Voltage -1.26mV ov 117mv Conversion Rate (kHz)

Output Code and Equivalent Voltage
(Binned at 16-bit level)

SINAD vs INPUT FREQUENCY TOTAL HARMONIC DISTORTION
(Data Analysis over Full 0 to 100kHz Band) vs INPUT FREQUENCY
100 T T T —60 T T 1T
90 +2.75V Input (0dB) +2.75V Input (0dB) /
bl | —
80 1 1 1 T — | g
+0.275V Input (—20dB) R = -70
70 K]
o mu B
'ig, 60 B /
Q 50 S 80 f
< 2 P%
Zz 40 <] 1
7] +2.75mV Input (—60dB) £ -
30 $
= —90
20 5
2
10
0 -100
0.1 1 10 100 1 10 100 1000
Input Frequency (kHz) Input Frequency (kHz)
3 7
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FIGURE 1. DSP101 and DSP102 Timing.
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THEORY OF OPERATION

The DSP101 and DSP102 are sampling A/D converters
optimized for handling dynamic signals. They have com-
plete logic interface circuitry for ease of use with standard
digital signal processing ICs, and transmit data words in a
seria stream. The successive approximation conversion ar-
chitectureis combined with an inherently sampling switched
capacitor array to provide maximum user flexibility over
sampling and conversion timing.

The DSP101 and DSP102 are pipelined internally. When the
user gives a convert command at time (t), two actions are
initiated. First, the internal sample/holds are switched to the
hold state, and a conversion cycle is initiated. At the same
time, the DSP101 or DSP102 transmits a synchronization
pulse and starts shifting out the conversion results from the
previous convert command at (t-1) using the system bit
clock. The datafrom the conversion at time (t) is shifted out
of the converter after the next convert command is received.

Both the DSP101 and the DSP102 are 18-bit A/Ds inter-
nally. When the DSP IC is programmed to accept 16-bit
word lengths, the processor will ignore the last two data bits
transmitted from the DSP101 or DSP102. A Cascade Mode
on the DSP102 can be invoked to transmit data for both
conversion channels over a single serial line as a 32-bit
word. In this mode, the first 16 bits of data transmitted after
the Sync pulse contain data from channel A, followed by 16
bits of information from channel B, allowing a single 32-bit
word to contain data for both channels.

A unique Tag feature alows additional digital data to be
appended to the conversion results, so that a single data
word contains conversion results plus other signal informa-
tion, such as gain settings or multiplexer channel settingsin
front of the converter.

The DSP101 and DSP102 are high-resolution A/D convert-
ers complete with sampling capability and on-board refer-
ences. They can acquire and convert analog signals at up to
a 200kHz sampling rate. Both operate from +5V supplies,
and have full-scale analog input ranges of +2.75V.

BASIC OPERATION

Figure 2 shows the minimum connections required to oper-
ate the DSP101. The falling edge of a convert command on
pin 21 puts the internal sampling capacitor array into the
hold state. The falling edge on pin 21 also starts the process
to initiate a conversion and transmit data from the previous
conversion, synchronizing both appropriately to the 10MHz
clock input on pin 13. Figure 1 showsthe timing relationship
between the convert command, the output data, and the
synchronization pulse.

In this basic system, the 10MHz clock is used both to
generate a 3.33MHz conversion clock and as the data trans-
fer bit clock for outputting data. Per Figure 1, there must be
at least 72 clock pulses on pin 13 between convert com-
mands, so that this circuit can sample and convert at up to
138kHz.

DSP101
.
10uF
% 1| vePoTr AGND E—T%
2| VIN REF z’—_L
0.1uF
+2.75 Analog Input 1000 @[ 3| MsB CAP E’—A|i$
-5V w| 4| vos NC |25|w —Vr 10puF
10uF
I+ 5| va- NC [2a|0
-5vO R 6 | VA+ NC |23|®
10uF
7 | DGND DGND z’__l_
— — — — Convert Command
8 | DGND CONV |21 o LZZZZ
+5V O 1= 9| VD SOUT | 20
10pF Serial Data Output
€T 10| cLkiN NC | 19|®
11| CLKOUT TAG E—_I_
+5V O_E SSF NC EI ()]
10MHz, 50% O 13| osc1 XCLK |16
(#10%) 74HC Synch Bit Clock
Logic Level Clock Input @] 14| osc2 SYNC |15 Pulse

NOTES: (1) Leave Unconnected.

(2) Protection from power supply momentary overrange.

%7 = Analog Ground — = Digital Ground

FIGURE 2. DSP101 Basic Operation.

DSP101, 102
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The convert command at pin 21 causes a Sync pulse to be
output on pin 15, followed by the data from the previous
conversion output on pin 20. The Sync pulse will be HIGH
for one bit clock cycle, since pin 12 istied HIGH. (A LOW
Sync pulse will be output on pin 15 if pin 12 istied LOW.)
Data is serially transmitted in an MSB-first data stream, in
Binary Two's Complement format. Both the Sync pulse (pin
15) and the data stream (pin 20) are synchronized to the bit
clock (at pins 13 and 16), with the timing relationships
shown in Figure 1.

After the 18 bits of data from the previous conversion have
been transmitted, pin 20 will continue to clock out LOWSs
until a new convert command restarts the process, since pin
18 (the Tag input) is grounded. If pin 18 istied HIGH, pin
20 will clock out HIGHs between conversion cycles.

CONVERSION

A falling edge on pin 21 (CONV) puts the internal sampling
capacitors in the hold state with minimum aperture jitter,
initiates a conversion synchronized to the conversion clock,
and outputs the data from the previous conversion with an
appropriate Sync pulse. On the DSP102, a single convert
command simultaneously samples both channels. The tim-
ing relationship between the convert command, Sync and
the output data is shown in Figure 1. Both Sync and the
output data are synchronized to XCLK, the system bit clock.
Following a convert command falling edge, pin 21 must be
held LOW at least 50ns.

Convert commands can be sent to the DSP101 and DSP102
completely asynchronousto other clocksin the system. This
allows external events to be used to trigger conversions.

From Figure 1, it can be seen that two different clocking
conditions must be considered in determining the minimum
acceptable time between convert commands. First, there
need to be aminimum of 24 X CLK periods between convert
commands, to allow internal synchronization and transmis-
sion of Sync and the data. (In the Cascade Mode on the
DSP102, there need to be at least 40 X CLK periods between
convert commands, to alow transmission of the 32-bit data
words.) When used with DSP processors programmed for
data words longer than 16 bits, the transmission time to the
processor may determine the minimum time between con-
vert commands.

The second limitation on convert commands is the require-
ment that the internal analog-to-digital converter be given
enough time to complete a conversion, shift the data to the
output register, and acquire a new sample. This condition is
met by having a minimum of 24 CLKIN periods between
convert commands, or a minimum of 72 clock cycles on
OSC1, if itisused to generate the conversion clock (CLKOUT
driving CLKIN).

SIGNAL ACQUISITION

After a conversion is completed, the DSP101 or DSP102
will switch back to the sampling mode. With at least 24

10 {? TEXAS
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CLKIN periods between convert commands, the A/D will
have had sufficient timeto acquire anew input sasmpleto full
rated accuracy.

DATA FORMAT AND INPUT LEVELS

The DSP101 and DSP102 output serial data, MSB first, in
Binary Two's Complement format. In the Cascade Mode on
the DSP102, the serial data will first contain 16 bits of data
for channel A, MSB-first, followed by channel B data, again
MSB-first. The analog input levels that generate specific
output codes are shown in Table I.

As with all standard A/Ds, the first output transition will
occur at an analog input voltage 1/2 L SB above negative full
scale (—2.75V + 1/2 LSB) and the last transition will occur
3/2 LSB below positive full scale (+2.75V — 3/2 LSB.) See
Figure 3.

1FFFF, 4
1FFFE, 1

+2.74$?979V
T

00001, -+
00000},
3FFFF, 1

_2i75V
T

)

Digital Output (18-bit Words)

20001, +
20000, 1

FIGURE 3. Analog Input to Digital Output Diagram.

DIGITAL OUTPUT
(BINARY TWO'S COMPLEMENT)
16-BIT 18-BIT
ANALOG WORDS | WORDS
DESCRIPTION INPUT BINARY CODE | (HEX) (HEX)
Least Significant Bit
5.5V
(LsB = )
16-bit Words 84uVv
18-bit Words 21pv
Input Range +2.75V
+ Full Scale +2.749916V 011...111 TFFF
(2.75V-1LSB) +2.749979V 1FFFF
Bipolar Zero ov 000...000 0000 | 00000
(Midscale)
One LSB below —-84puv FFFF
111...111
Bipolar Zero -21pv 3FFFF
— Full Scale —2.75V 100...000 8000 20000

TABLE I. Idea Input Voltage vs Output Code.
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18-bit Shift Register

— D Channel A Conversion Results from SAR

CLKIN — D>

CONV —[> RCK

18-bit Register

18 D, 14 12 10
Shift/Load® —|(LSB) 16

XCLK —=P>
TAGA —| D1

(MSB
= SOUTA

E D,
18-bit Shift Register
CASC
18-bit Shift Register
TAGB —( D1
XCLK —»P>
Shift/Load®) ——=|(LSB) (MSB
18 16 14 12 10 8 6 4 2 1

SOuUTB

CONV —[> RCK

18-bit Register

CLKIN — =]
Channel B Conversion Results from SAR

NOTE: (1) Signal internal to DSP101/DSP102 which also generates SYNC pulse.

18-bit Shift Register

FIGURE 4. Output Structure of DSP102.

DATA TRANSFER

The internal A/Ds generate 18 bits of data, transmitting the
data MSB first. When read by a DSP IC programmed to
accept 16 bits of data, the first 16 MSB bits of data from the
DSP101, or each channel of the DSP102, will be shifted into
the processor’s input shift register, and the last two least
significant bits of data from the A/D will be ignored,
although they will still be present on the seria data line.
When the DSP processor is programmed to accept words of
more than 16-bit length (typically 24-bit or 32-bit), the
DSP101 and DSP102 will transmit the full 18-bit conversion
results, after which the information input on the TAG input
(or TAGA and TAGB on the DSP102) will be appended to
the output word. (See Tag Feature below.)

In the Cascade Mode, the DSP102 will first transmit the 16
MSBs from channel A, followed by the full 18 bits from
channel B, although DSP processors programmed to accept
32 hits of data will ignore the final two bits of information
on Channel B. Seethe DSP102 Cascade M ode section bel ow
for details of the Cascade mode.

DATA SYNCHRONIZATION

A convert command both initiates a conversion and starts
the process for transmitting data from the previous conver-
sion. Convert commands can come at any time, completely
asynchronous to the conversion clock or the bit clock, and

DSP101, 102

SBAS003A

the conversion clock may also be independent of the bit
clock. The DSP101 and DSP102 internally synchronize the
output data, Sync pulse, and Tag inputs to the bit clock.

While the convert command, conversion clock and bit clock
can be asynchronous, system performance is usualy en-
hanced by synchronizing all of them to a system master
clock, whenever the application permits. This minimizes
changes in digital loads and currents when the critical S/H
transition and A/D bit decisions are occurring. Within the
DSP101 and DSP102 themselves, running asynchronous
convert commands, conversion clocks and bit clocks typi-
cally degrades performance only several dB, as showninthe
various typical performance curves, but the system board
design can easily have more effect.

When a convert command is received, the internal logic
generates an appropriate Sync pulse, synchronized to XCLK,
as shown in Figure 1. The output Sync pulse will be active
High or active Low depending on whether a HIGH or a
LOW, respectively, is input at SSF (pin 12).

The convert command also causes the conversion results
from the previous conversion to be loaded into the output
shift register, synchronous to XCLK. Figure 4 shows the
operation of the internal data shift registers on the DSP102.
The DSP101 isbasically similar, but includes only the top of
the figure, showing the SOUTA path.

*L‘ TEXAS 11
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During the internal successive approximation conversion
process, the conversion results are shifted into the input shift
registers of the output stage on the DSP102. A new convert
command latches that data into the 18-bit parallel latches
shown. The internal signal that also generates the Sync
pulse, labeled “ Shift/Load” in Figure 4, synchronously loads
the conversion datainto the output shift register on therising
edge of XCLK. The conversion results are then clocked out
of the shift register on subsequent rising edges of XCLK.

DATA TRANSFER CLOCK

XCLK isthedatatransfer clock, or bit clock, for the system,
and is an input for the DSP101 or DSP102. This input is
TTL- and 74HC-level compatible. The serial dataand SYNC
outputs are synchronized internally to this clock, with data
valid on the rising edge of XCLK, per the timing shown in
Figure 1. Datainput on pin 18 (TAG) on the DSP101, or on
pins 18 and 19 on the DSP102 (TAGA and TAGB), will be
clocked into the output shift register on the rising edge of
XCLK, as discussed in the Tag Feature section.

CONVERSION CLOCK

The analog-to-digital converter sections in the DSP101 and
DSP102 were designed to provide accurate conversions
under worst case conditions of supplies, temperatures, etc.
In order to achieve a full 200kHz sampling capability, they
were designed to use a 33% duty cycle conversion clock
(CLKIN on pin 10) asshownin Figure 1. The clock isLOW

long enough for internal analog circuitry to settle suffi-
ciently between bit decisions to insure rated accuracy. Bit
decisions in the A/D are then made on the rising edge of
CLKIN.

To other
DSP102's CLKIN for
synchronous operation

SAR Clock| _ CLKIN [ 10
Control

DSP101 or DSP102

CLKOUT | 11
+3
osc1 osc2

13 14

1MQ
12.288MHz
hil
It
—— 10pF —— 10pF

L L

Crystal is CTS Knight MP122 12.288MHz,
20pF load, series resonant mode.

FIGURE 5. DSP101 or DSP102 Conversion Clock Circuit.

DSP101 or DSP102

VPOTA

=
o

=
£

|
|

-5V Analog

Vp —
+5V Analog

V, +

[o o = [~ |

DGND

y
g

DGND

+5V Digital

Vb

10UF —— 0.01pF

1
L 10

HH

N

s[5 =51 ]

13

(=]

AGND

REF
0.1uF

VPOTB

[y

<H

OpF

<H

% = Analog Ground

— = Digital Ground

[y

(5115 5 )1z = s [ s ]ls [ ]l% ]

NOTES: (1) Pin 1 and pin 26 must be bypassed with 10pF tantalum capacitors, on both the DSP101 and DSP102.

(2) Protection from power supply momentary overrange.

FIGURE 6. DSP101 or DSP102 Power Supply Connections.
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When a convert command is received, the DSP101 or
DSP102 immediately switches the sampling capacitors to
the hold state, and then internally gates the conversion clock
tothe A/D appropriately. Allowing aminimum of 24 CLKIN
pulses between conversions insures that there is sufficient
time for complete, accurate conversions, and alows the
input sampling capacitor to fully acquire the next sample,
regardless of the timing between the convert command and
CLKIN.

In most applications, CLKIN (pin 10) can be driven from a
50% duty cycle clock without performance degradation.
During characterization of the DSP101 and DSP102, the
performance of a number of parts was measured under
various conditions with a 4.8MHz, 50% duty cycle input to
CLKIN at afull 200kHz conversion rate without noticeable
degradation.

OSCILLATOR INPUTS AND CLKOUT

The DSP101 or DSP102 can generate a 33% duty cycle
conversion clock output on CLKOUT (pin 11). This is
accomplished by dividing by three a clock from either an
externa 74HC-level clock or from a crystal oscillator.
CLKOUT can deliver £2mA, and can be used to drive
multiple DSP101 or DSP102 CLKINSs. See Figure 1 for the
timing relationship between OSC1 and CLKOUT.

To use an external 74HC-level clock, drive the clock into
OSC1 (pin 13), and leave OSC2 (pin 14) unconnected.

To use acrystal oscillator to generate the conversion clock,
refer to Figure 5. Connect the oscillator between OSC1 and
OSC2. OSC2 provides the drive for the crystal oscillator.
This pin cannot be used elsewhere in the system.

If CLKOUT is not used, both it and OSC2 should be left
unconnected, and OSC1 should be grounded.

TAG FEATURE

Figure 4 shows the implementation of the TAG feature on
the DSP101 and DSP102. When a convert command is
received, the internal Shift/Load signal loads conversion
result data into the output shift register synchronous to
XCLK. Between convert commands, the information input
on TAG (on the DSP101) or on TAGA and TAGB (on the
DSP102) will be clocked into the output shift register on the
rising edges of XCLK. Since thisis an 18-hit shift register,
the data input on the Tag lines will be output on SOUT
(DSP101) or SOUTA and SOUTB (DSP102) delayed by 18
bit clocks.

The Tag Feature can be used in various ways. The Tag
inputs can be tied HIGH or LOW to differentiate between
two convertersin a system. Asdiscussed in the Applications
section below, the Tag feature can be used to append to the
seria output data word information on multiplexer channel
address, or other digital datarelated to the input signal (such
as the setting on a programmable gain amplifier.) Another
option would be to daisy-chain multiple DSP101 or DSP102
converters, linking the serial output of one to the Tag input
of the next. This can simplify the transmission of data from
multiple A/Ds over a single optical isolation channel.

DSP102 CASCADE MODE

If pin 22 (CASC) istied HIGH, the DSP102 will be in the
Cascade Mode. In this mode, when a convert command is
received, the DSP102 will transmit a 32-bit dataword on pin

DSP101 or DSP102(®

Analog VINA

Input A

w

=
i

= [5 [s = s o = [~ 1o e [ e [

0.1pF
veots 26—+ T

28
10uF
- T T T T T T T T T T T 1
VINB EI % Analog |

Input B 1

1/2
OPA2604

Leave out on DSP101(®

NOTE: (1) On DSP101, pin 25 is not internally
connected. Pin 26 must still be bypassed with
the 10pF Tantalum capacitor.

FIGURE 7. DSP101 or DSP102 Input Buffering.
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20 (SOUTA) containing data for both input channels in two
16-bit words. Referring to Figure 1, the first 16 bits of data
will be the results for channel A, followed by 16 bits of
information for channel B. The datawill betransferred MSB
first. A convert command at time (t) will initiate the trans-
mission of the results of the conversion initiated at time
(t-1).

From the descriptions above of the internal shift registers
shown in Figure 4, it can be seen that the DSP102 in the
Cascade Mode actualy continues to shift out data after the
32nd bit of the dataword. The next two bits clocked out will
be the last two data bits from the full 18-bit conversion on
channel B, after which the information output on SOUTA
will be the information clocked into TAGB 35 bit clock
cycles earlier.

In the Cascade mode on the DSP102, SOUTB will till
output channel B conversion data and tag data as usual.

ANALOG PERFORMANCE

LINEARITY

The DSP101 and DSP102 are optimized for signal process-
ing applications with wide dynamic range requirements.
Linearity is trimmed for best performance in the range
around 0OV, which is critical for handling low amplitude
signals. The DSP101 and DSP102 typically have integral
and differential non-linearity below +0.003% in the input
range of +0.7V, with there being no missing codes at the
14-bit level in this range. Over the full £2.75V input range,
the largest non-linearities are centered around the bit #2
transition points at +1.375V and —1.375V levels.

NOISE AND BIPOLAR ZERO ERROR

The equivalent input noise and bipolar zero error of the
DSP101 and DSP102 is shown in the typical performance
section for both channels on a DSP102. The inputs to both
channels were grounded, and the results of 5,000 conver-
sions was recorded. The data shown is binned at the 16-bit
level. The noise results from all sources in the circuit,
including clocks, reference noise, etc.

In atheoretically ideal converter with no offset and no noise,
theresults of al 5,000 conversion for each channel would lie
in the bin corresponding to bipolar zero, code 0000. The
typica DSP101 or DSP102 will have offset errors in the
range of 1to 2mV, and the two channels on the DSP102 will
be matched closer than 2mV. The DSP102 shown in the
typical performance section has the worst offset, -0.8mV,
on channel A, with channel B being lessthan 1mV different,
and the three sigma noise on either channel being less than
250uV.

INPUT BANDWIDTH

From the typical performance curves, it can be seen that
there is very little degradation in Signal-to-(Noise + Distor-
tion) for input signals up to 100kHz. The wideband sampling
input typically maintains a 60dB Signal-to-(Noise + Distor-
tion) Ratio undersampling 500kHz input signals.

LAYOUT CONSIDERATIONS

Because of the high resolution, linearity and speed of the
DSP101 and DSP102, system design problems such as
ground path resistance, contact resistance and power supply
quality become very important.

DSP101 or DSP102()

0.01pF

T
v

EEEE I o T ]

=
N

o * . VPOTA
% 100F = 47kQ Z 150kQ Rer |27 0.1uF %
PN —
MSBA  VPOTB |26 —————————— > ——9- +
0.01pF 104F
u % VOSA :|25 150kQ < 47kQ
25kQ 25kQ
MSBB EI-:T\/\/\/\—>
0.01pF
VOSB : "
I P.
|
| 1
|
|

N
@
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3
=
o]

|

|

|

I

|

’ |
% 5k |
|

I

|

|

-

Leave out on DSP101(®)

=
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[N
~

NOTE: (1) On DSP101, pins 23 and 24 are
not internally connected. Pin 26 must still be
bypassed with the 10pF Tantalum capacitor.

=
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(515 1= = Jle s [ ][5 3

=
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FIGURE 8. DSP101 or DSP102 Optional MSB and Offset Adjust.
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Optimal dynamic performance is achieved by soldering the
parts directly into boards, to keep the A/Ds as close as
possibleto ground. The use of socketswill often degrade AC
performance. Zero-Insertion-Force sockets are particularly
poor because longer lead lengths create inductance.

Short traces on the board, and bypass capacitors as close as
possible to the A/D, will further improve dynamic perfor-
mance.

GROUNDS

To achieve the maximum performance from the DSP101 or
DSP102, care should be taken to minimize the effect of
changes in current flowing in the system grounds, particu-
larly while bit decisions are being made in the successive
approximation converter's comparator. Pin 28 (AGND) on
both the DSP101 and the DSP102 is the most critical, and
care should be taken to make this pin as close as possible to
the same potentia as the system analog ground.

Whenever possible, it is strongly recommended that separate
analog and digital ground planes be used. With an LSB level
of 84uV at the 16-bit level, and one-quarter of that at the
18-bit level, the currents switched in a typica DSP system
can easily corrupt the accuracy of the A/Ds unless great care
is taken to analyze and design for current flows.

POWER SUPPLY DECOUPLING

All of the supplies should be decoupled to the appropriate
grounds using tantalum capacitors in parallel with ceramic
capacitors, as shown in Figure 6. For optimum performance
of any high resolution A/D, all of the supplies should be as
clean as possible. If separate digital and analog supplies are
available in a system, care should be taken to insure that the
difference between the analog and the digital suppliesis not
more than 0.5V for more than a few hundred milliseconds,
as may occur at power-on.

INPUT SIGNAL CONDITIONING

To avoid introducing distortion, the DSP101 and DSP102
analog inputs must be driven by a source with low imped-
ance over the input bandwidth needed in the application. Op
amps such as the NE5532 or Texas Instruments OPA2604
work well over audio bandwidths. Figure 7 shows an appro-
priate input driver circuit. The 150Q and 220pF shown on
the input help reduce the dynamic load on the input signal
conditioning amp in front of the A/D, since all switched
capacitor array architectures exhibit fast changes in input
current load as the input sampling switch is opened and
closed. These dynamic changes in the load can affect any
signal conditioning circuit at the input. Other R and C

DSP101 74HC594(1)
14
20 Serial Data 15
SouT QA [~ D15 (LSB)
12 5v 0+2] SR CLR 2 gig
SSF + =
[ L v o2 R IR - p12
£ D11
16 11 D10
XCLK ? SR CLK ——— D9
91 QH QH H—ps
SYNC TTL Bit RCK 12
5 Clock
74HC164 74HC594(1)
1 14 .
D1 Serial Data 15
QAT — D7
+5V O_Z D2 10 SR CLR 2_ gg
+5v o2 CLR cLkq 8 esv o3 R etR g
13 5 D3
Q7 1 D2
_| SR CLK ——D1
QH |—— DO (MSB)
L 74HC164 rRek |12
b1
HC04 74HCT74
+5V o—2] D2 3
+svo-2] cLr CLK & CLK1 o PP
2
Q7 13 D1
1 &
+5V R1
NOTE: (1) Substituting
74HC595s provides three 121 pp CLK2 11
state outputs, with pin 13 (OE) 10 32
used to enable the parallel 9
data lines. _DO—13 R2 Q2 |—— Data Valid Signal
FIGURE 9. Driving a 16-bit Parallel Port from the DSP101.
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combinations can be used, but the resistor should not exceed
200Q, or the output settling time of the signal conditioning
amplifier may be too long.

EXTERNAL ADJUSTMENTS

All of the specifications for the DSP101 and DSP102, plus
the typical performance curves, are based on the perfor-
mance of these A/Ds without external trims. In most appli-
cations, external trims are not required.

OFFSET ADJUST

Where required by specific applications, offsets can be ad-
justed using the circuit of Figure 8. When not adjusted, VOS
(pin 4) onthe DSP101, and VOSA (pin 4) and VOSB (pin 23)
on the DSP102, should be left open. If these pins are con-
nected to traces on the board, they should be bypassed to
ground with 0.01uF capacitors, as close as possible to the A/D.

To trim offset, one alternative is to ground the analog input
while converting continually. Then adjust the trimpot (on
VOSfor the DSP101, on VOSA and VOSB for the DSP102)
until the output code istoggling between the codes FFFF and
0000 (Hex) at the 16-hit level (3FFFF and 00000 at the

18-hit level). This will center the offset at 1/2 LSB below
0V, which is respectively —42uV or —10uV at the 16- and
18-hit levels.

The offset can aso be adjusted by providing a sine wave to
the A/D input. Using FFT, or even simple averaging of
several thousand conversion results at a time, the trimpots
can be adjusted until there is no DC offset of the signal.

Grounding the input, or providing the sine wave, as far in
front of the A/D as possible allows offset from intervening
signal conditioning components to be also corrected by this
procedure.

MSB ADJUST

In most applications, adjustment of the Most Significant Bit
weight will not be required. When not adjusted, MSB (pin 3)
on the DSP101, and MSBA (pin 3) and MSBB (pin 24) on
the DSP102, should be | eft open. If these pins are connected
to traces on the board, they should be bypassed to ground
with 0.01uF capacitors, as close as possible to the A/D.

MSB (pin 3) on the DSP101, and MSBA (pin 3) and MSBB
(pin 24) on the DSP102, are internaly connected to a
resistor divider network that is used to laser-trim the weight

HI-508A

DSP101

21

L1

NOTE: (1) Must be low source impedance
with unused inputs tied to ground.

v
1
1 [ 5 Iny R, CONV
o : : In, 150Q 2 20
2 8y, VIN SOUT [——O Serial Data Out
g 7 TG |48
= —in,
g! — 12 Ing C
cl 1
< 1y 220pF 2ssk xoLk |2
1 1 15
! _:_10 In, SYNC
I —0—9 |n8 A2 i — —

Convert Command O

15|  74HC163
615 ©O oot 74HC574 74HC166
5] ocl12 ] IR i 14f, onlt3
4] o8l 13 85 7ol 12 -
3 A oA 14 76D 60 14 11': .
5 o —:5D 5Q 1—2 100 a0 =t c,
CLK ET EP —14D 4Q— 5o H
€L 2 107 +4p 30l 4 1000pF
- +5V 3 18 3 —
>1op 22 B
2 19
110 10— 2\ 15 |14 74HC221
CLK OF g RIC CE
15 2 13
11 SiL B Q
L - 1] 4
— |ck ¢l TL A ob—
= 7 |6 |_9O oL
J_— +5V - 3
|—o+5v

(Positive Edge Triggered)

FIGURE 10. A Complete Eight-Channel Analog Input System Using the DSP202 and the HI-508A.
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of the MSB capacitor in the CDAC. These pins are nomi-
nally at +100mV after laser-trimming during manufacturing.
They can handle external inputs up to about one diode drop
below ground (—0.6V) before internal clamping circuitry is
triggered.

Figure 8 shows an appropriate circuit for adjusting the
weight of the most significant bit to minimize differential
non-linearity at the critical major-carry transition. To adjust,
provide a small amplitude sine wave to the selected A/D
input pin while converting continually, and adjust for maxi-
mum Signal-to-(Noise + Distortion) ratio, using appropriate
signal analysis software.

GAIN ADJUST

If circuit gain needs to be adjusted in hardware, rather than
in system software, appropriate trimpots should be included
in the analog signal conditioning section in front of the
DSP101 or DSP102. No specific gain adjust circuitry is

included in the parts.

APPLICATIONS

INTERFACING DSP101 TO PARALLEL PORTS

Figure 9 shows a circuit for converting the serial output data
from the DSP101 into 16 bits of parallel data, within the
timing constraints of the seria bit-stream from the DSP101.
In many applications, this circuit can be easily incorporated
into gate arrays or other programmed logic circuits already
used in the system, since the extra gate count is not high.

This circuit adds an additional pipeline delay to the conver-
sion data, so that the parallel data from a conversion at time

(t) isvalid one conversion cycle plus 17 XCLK clocks later
(at t+1 plus 17 times XCLK). A convert command at time
(t+1) generates a Sync and begins transmitting serial data
from SOUT. The seria data is shifted into the 74HC594
shift registers, and Sync is shifted through the 74HC164
shift registers. The Q1 output of the 74HC74 dua D-type
flip-flops clocks the conversion data into the output register
of the 74HC594s, and triggers a data valid signal on its Q2
output. The user can then read the data at any time before the
next conversion is started, and the Read signal will reset the
data valid output from Q2.

In many systems, galvanic isolation of signals is required.
Using opto-couplers on the serial data lines in Figure 9
allowsafully isolated system to be built using aDSP101 and
only three couplers across the barrier (for serial data, XCLK
and SYNC.)

MULTIPLEXING INPUTS TO THE DSP101

Figure 10 shows acomplete circuit for sequentially scanning
eight analog input channels with asingle DSP101, and using
the Tag feature on the DSP101 to append the multiplexer
channel address to the serial output conversion results.

The circuit in Figure 10 includes the required digital logic
and timing logic. The 74HC163 counter provides the scan
seguence to the Texas Instruments HI-508A analog multi-
plexer. In order to allow the HI-508A enough time to switch
to the next channel and settle before the DSP101 begins a
conversion, a 74HC221 one-shot introduces a 3ps delay for
the DSP101 convert command input.

The Texas Instruments OPA627 provides a low impedance
source for the DSP101, buffering it from the output imped-

TTL Bit
Clock
Digital Signal
DSP101 Processor IC psp201®”
XCLK 16 CLKR XCLK . 12, XCLK
2 20 13 21
+2.75V  O—{ VIN SOuUT DATA IN DATA OUT SIN VOUT |——— +3V Analog Output
Analog Input
SYNC 15 SYNC SYNC 1 SYNC
ssF 120 ssF@ ssF@ o— ssF
10
swL® o—— swL
21 i
CONV Conversion Rate 15 CONV
Generator
(1) See Texas Instruments
@ ®
DSP PROCESSOR SYNC FORMAT SERIAL I/O WORD SSF SWL DSP201/DSP202 product data
DSP32C, DSP16 Active Low 16 Bits LOW HIGH sheet for full description of this
DSP56001 Active High 24 Bits HIGH Low | pac.
DSP56001 Active High 16 Bits HIGH HIGH
TMS320C25/C30 Active High 16 Bits HIGH HIGH
ADSP2101/2105 Active High 16 Bits HIGH HIGH
FIGURE 11. Analog Input and Analog Output System.
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ance of the multiplexer. This unity-gain buffer minimizes
distortion, taking full advantage of the resolution and band-
width of the DSP101.

The 74HC574D register delays the multiplexer address data
by one conversion before appending the channel data to the
serial conversion results from the DSP101. This attachesthe
channel address to the correct conversion results. Since the
channel scanning shown in Figure 10 is sequential, this
delay latch could be left out and software could recognize
that the time (t) conversion results have the MUX address
from the time (t-1) conversion appended. However, for
systems using non-sequential scan lists, this delay latch is
essential to maintain the conversion data and channel ad-
dress integrity.

The 74HC166 synchronous loading shift register loads the
channel address tag data into the shift register on the rising
edge of the bit clock, in conjunction with the Sync output of
the DSP101. The channel address tag data is then clocked
into the DSP101 Tag input (pin 18) by the bit clock, while
the conversion data is clocked out the other end of the

DSP101 shift register (discussed in another section of this
data sheet.)

Figure 10 was developed and tested using a Texas Instru-
ments ZPB34 DSP board, which containsan AT& T DSP32C,
so that the SYNC output is programmed to be active LOW.
The circuit needs to be modified for DSP processors from
ADI, Tl, and Motorola, which use active HIGH Sync pul ses.
For these processors, tie SSF (pin 12) on the DSP101 HIGH,
and use a 74HCO04 hex inverter to invert the Sync signal to
the 74HC574 and 74HC166.

The same basic circuit can be duplicated to drive two
channelsin aDSP102, or can be easily modified for more or
less than eight channels of analog input.

USING DSP101 AND DSP102 WITH
TEXAS INSTRUMENTS DSP ICS

Figures 11 thru 17 show various ways to use the DSP101
and DSP102 with DSP ICs from the Texas Instruments
TMS320Cxx series. For smplicity, all of these circuits are

TTL Bit
Clock
DSP102 TMS320C30
16
XCLK CLKR
15
SYNC Y FSR-0
+2.75V Analog Input 2 20 L» FSR-1
Channel A — VINA SOUTA DR-0
+2.75V Analog Input _ 25 VINE  SOUTB 17 bR

Channel B

22

21

CASC — 1
12 =
SSF |—O +5Vv

Conversion Rate

CONV

Generator
FIGURE 12. Using DSP102 with TM S320C30.
TTL Bit
Clock
DSP102 TMS320C30
XCLK 16 = CLKR -0
SYNC 15 FSR-0
+2.75V Analog Input 2 20
Channel A —] VINA SOUTA DR-0
+2.75V Analog Input __ 25 17
Channel B —| VINB SOUTB O NC
CASC 22 O +5V
NOTE: Serial port 0 programmed 12
for 32-bit data. SSF O +3V
CONV 21 Conversion Rate
Generator
FIGURE 13. Using DSP102 with TMS320C30 in Cascade Mode.
3 1,
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based on using the TME320Cxx in the mode where SSF
(Select Synch Format, pin 12) istied HIGH, so that thereis
an active High synchronization pulse generated by the
DSP101 or DSP102 after receiving aconvert command. The
synchronization pulse can be changed to active Low simply
by making SSF LOW, where appropriate, without changing
the basic operation of the A/Ds.

In all cases, the DSP101 and DSP102 will transmit data
MSB-first, and the TMS320Cxx needs to be programmed
for this.

Figure 11 shows a circuit for using the TMS320C25 or
TMS320C30 in a complete analog input and analog output
system using the DSP101 along with the Texas Instruments
DSP201 D/A.

TTL Bit
Clock
DSP102 TMS320C30 DSP202 ®)
XCLK 16 CLKR-0 CLKX-0 12 XCLK
T—> CLKR-1 CLKX-1 <—T
20 13
+2.75V Analog Input 2 SOUTA DR-0 DX-0 SINA 21 *3V Analog Output
VINA 17 14 VOUTA |—
Channel A SOUTB DR-1 DX-1 SINB Channel A
+2.75V Analog Input 25
ChamnelB ——|VINB  SYNC 22— ¢ f FsR0 FSX0 =g SYNC  vouTs [ 3V f12100 Ouipu
T—> FSR-1 FSX-1 <—T
12 9
SSF |——0 +5V +5V 0—— SSF
CASC 22—_|_ +5V Oi SWL

= 16

CASC

L
CONV 21 Conversion Rate - 15 CONV
Generator @
NOTES: (1) Sample rate on DSP102 and DSP202 may differ. (2) Analog Devices ADSP2101 may be used. SPORT1 and SPORT2
are used for serial MSB first communication. (3) See Burr-Brown DSP201/DSP202 product data sheet for full description of this DAC.

FIGURE 14. Two-Channel Analog Input and Output System with TM S320C30.

TTL Bit
Clock
DSP102 TMS320C30 DSP202®
12
XcLK |48 CLKR-O  CLKX-0 XCLK
souta |22 DR-0 DX-0 5] sina
+2.75V Analog Input 2 17 14 21 *3V Analog Output
+2.75V Analog Input »5 15 11 5 +3V Analog Output
ChannelB  —| VINB SYNC FSR-0 FSX-0 SYNC  VOUTB —  channelB
12 9
SSF |——o0 +5V +5V O—— SSF
casc 22 o sy w5y 02| swi
+5V ()—16 CASC
conv |31 Conversion Rate 51 conv
Generator @
NOTES: (1) Program TMS320C30 for 32-bit mode. (2) Sample rate on DSP102 and DSP202 may differ. (3) DSP32C may be used in this mode.
(4) See Burr-Brown DSP201/202 product data sheet for full description of this DAC.

FIGURE 15. Two-Channel Analog Input and Output System with TMS320C30 in Cascade Mode.
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USING TMS320C31 TO GENERATE
ALL CONTROL SIGNALS

Figure 17 shows a circuit for using the TMS320C31 with a
DSP102 and a Texas Instruments DSP202 D/A to provide a
two channel analog 1/0 system. The flexibility of the
TMS320C31 alows it to generate the data transfer clock
(XCLK) and the Convert Command, minimizing additional
circuitry and synchronizing the timing signals to the

processor's master clock. In this circuit, the DSP102 and
DSP202 are used in their Cascade modes, transmitting and
receiving two channels of datain a single 32-bit word. (See
the Cascade Mode section above.)

Table 1l shows how to set up the circuit in Figure 17 for a
44.1kHz conversion rate for both channels of the DSP102
A/D and both channels of the DSP202 D/A. Both inputs and
outputs will be simultaneously converted.

TTL Bit
Clock
DSP101 TMS320C25
16
XCLK XCLK
15
SYNC FSX
2 20
+2.75V Analog Input —{ VIN SouT TXD
SSF LO +5V
CONV 21 Conversion Rate
Generator

NOTES: (1) TMS320C25 FSR external, 16-bit data.

FIGURE 16. Using DSP101 with TM S320C25.

DSP102 TMS3200C31 DSP202
+2.75V Analog Input —= VINA XCLK' [~ »| CLKRO CLKX0 » XCLK VOUTA |—— %3V Analog Output
Channel A Channel A
SOUTA =1 DRO DX0 * SINA
SOUTB —ONC T—> SINB
+2.75V Analog Input ——| VINB SYNC FSRO FSXO0 SYNC  VOUTB |—— +3V Analog Output
Channel B TCLKO Channel B
+5V O—— SSF
0SsC2 SSF ——O0 +5V
+5V O—— SWL
MO 0OSC1
CASC |——o0 +5V +5vV O—— CASC
CONV [+ CONV
I:I 12.288MHz
10pF] [10pF
FIGURE 17. Two Channel Analog 1/0 Using TM S320C31.
SERIAL PORT
Port Global Control Register 0xOEBCO040
FSX/DX/CLKX Port Control Register 0x00000111
FSR/DR/CLKR Port Control Register 0x00000111
Receive/Transmit Timer Control Register 0x0000000F
TIMER
Timer Global Control Register 0x000002C1
Timer Period Register 0x000000B5
NOTE: Assumes TMS320C31 has 32MHz Master Clock.
TABLE . TMS320C31 Register Settingsfor 44.1kHz Con-
version Ratein Figure 17.
3 1,
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USING DSP101 AND DSP102
WITH MOTOROLA DSP ICS

Figure 18 shows how to use the DSP101 with a Motorola
DSP56001. Using the DSP102 requires using two
DSP56001s. The DSP56001 needs to be programmed to
receive data M SB-first with SYNC in the Bit Mode.

SSF (pin 12) needs to be tied HIGH for using either the
DSP101 or the DSP102 with DSP56001s. This will cause
the DSP101 or DSP102 to transmit an appropriate active
High synchronization pulse on SYNC (pin 15) after a con-
vert command is received by the A/D. Timing is shown in
Figure 1.

USING DSP101 AND DSP102 WITH AT&T DSP ICS
Figures 11, 19, 20, and 21 show how to use the DSP101 and

DSP102 with the DSP16 and DSP32C in different modes.
The AT&T processors need to be programmed to accept
data M SB-first, and the DSP101 or DSP102 needs to have
SSF (pin 12) tied LOW, so that an appropriate active Low
synchronization pulse will be transmitted by the A/D after a
convert command is received.

Figures 19 and 20 show the DSP32C and DSP16 respec-
tively used with the DSP101 to handle a single analog input
channel.

Figure 21 shows how to transmit to a single DSP32C
conversion results from both DSP102 channels in a single
32-bit word, using the Cascade mode on the A/D.

Figure 11 indicates how to build acomplete analog input and
analog output system using a DSP32C or DSP16 with a
DSP101 and a Texas Instruments DSP201 D/A.

TTL Bit
Clock
DSP101 DSP56001
16
XCLK SCK
15
SYNC FSR (SC2)
2 20
+2.75V Analog Input —={ VIN SOuUT SRD

12
SSF [—0 +5v

21
CONV

Conversion Rate

NOTES: (1) DSP56001 programmed for MSB bit first data. (2) DSP56001 data may be either 16-bit or 24-bit.

Generator

FIGURE 18. Using DSP101 with DSP56001.

TTL Bit
Clock

DSP101

XCLK 16

DSP32C

ICK

SYNC 15

ILD

20

+2.75V Analog Input _2> VIN SOuUT

DATAIN

12

21

SSF —_I_

Conversion Rate

CONV

NOTE: (1) DSP32C programmed for MSB bit first 16-bit data.

Generator

FIGURE 19. Using DSP101 with DSP32C.
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USING DSP101 AND DSP102 WITH ADI DSP ICS

When using the DSP101 or DSP102 with the fixed-point
ADSP21xx series, the processors need to be programmed to
receive data M SB-first.

Figure 22 shows how to use the DSP102 with an ADSP2101
to provide a two-channel simultaneous sampling system.

Figure 23 shows the connections required to generate an
analog input channel using an ADSP2105 with the DSP101.

The same basic circuit can be used to connect a DSP101 to
the ADSP2101.

Figure 11 indicates how to build a complete analog 1/0
system using either the ADSP2101 or the ADSP2105 with a
DSP101 and a Texas Instruments DSP201 D/A.

Thetwo serial ports on the ADSP2101 can also be used with
the DSP102 and the Texas Instruments DSP202 D/A to
make two complete analog I/O channels, as indicated in
footnote 2 of Figure 14.

TTL Bit
Clock
DSP101 DSP16
1
XCLK [= ICK
20
SOUT DATA IN
+2.75V Analog Input __ 2 _f
1
syne P2 ILD
12
SSF |F——
CONV 2 Conversion Rate
Generator

NOTE: DSP16 programmed for MSB bit first, 16-bit data.

FIGURE 20. Using DSP101 with DSP16.

TTL Bit
Clock
DSP102 DSP32C
16
XCLK ICK
15
SYNC ILD
+2.75V Analog Input 2 VINA  SOUTA 20 DATA IN
Channel A
£2.75V Analog Input _25, VINB SOUTB LO NC
Channel B
22
CASC |—oO0 +5V
12
SSF
CONV 21 — Conversion Rate
Generator

NOTES: (1) DSP32C programmed 32-bit data MSB bit first. (2) Data format is Channel A, 16 bits, MSB first, then Channel B.

FIGURE 21. Using DSP102 with DSP32C in Cascade Mode.

22 {? TEXAS
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TTL Bit

21

Clock
DSP102 ADSP-2101
XCLK 5 SCLK-0
15 SCLK-1
SYNC » RFS-0
RFS-1
275V Analog Input 21\, souta |22 . Rrs-
Channel A 17
#2.75V Analog Input ——— =1 \/|NB SOUTB DR
Channel B
22
CASC |—

ssF 2o +sv

Conversion Rate

CONV

Generator
FIGURE 22. Using DSP102 with ADSP-2101.
TTL Bit
Clock
DSP101 ADSP-2105
xoLk |58 SCLK
sout |2 DR
2
+2.75V Analog Input —{ VIN
syne P2 RFS
SSF 12 O +5V
CONV 21 Conversion Rate
Generator

FIGURE 23. Using DSP101 with ADSP-2105.

DEM-DSP102/202 EVALUATION BOARD

An evaluation fixture, the DEM-DSP102/202, isavailable to
simplify evaluation of the DSP101 and DSP102, and the
companion digital-to-analog converters, the single DSP201
and dual DSP202. The DEM-DSP102/202 comes complete
with a socketed DSP102 and DSP202, a breadboard area,
TTL 1/O headers and differential line drivers for data trans-

DSP101, 102

SBAS003A

fer options, a complete clocking circuit for the conversion
clock and bit clock, and analog filter modules. The board
makes it easy to go from design concept to working proto-
type of a DSP-based system, offering two complete analog
I/0 channels.

Contact your local Texas Instruments representative for a
full data sheet on the DEM-DSP102/202.
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IMPORTANT NOTICE

Texas Instruments and its subsidiaries (TI) reserve the right to make changes to their products or to discontinue
any product or service without notice, and advise customers to obtain the latest version of relevant information
to verify, before placing orders, that information being relied on is current and complete. All products are sold
subject to the terms and conditions of sale supplied at the time of order acknowledgment, including those
pertaining to warranty, patent infringement, and limitation of liability.

Tl warrants performance of its products to the specifications applicable at the time of sale in accordance with
TI's standard warranty. Testing and other quality control techniques are utilized to the extent TI deems necessary
to support this warranty. Specific testing of all parameters of each device is not necessarily performed, except
those mandated by government requirements.
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In order to minimize risks associated with the customer’s applications, adequate design and operating
safeguards must be provided by the customer to minimize inherent or procedural hazards.

Tl assumes no liability for applications assistance or customer product design. Tl does not warrant or represent
that any license, either express or implied, is granted under any patent right, copyright, mask work right, or other
intellectual property right of Tl covering or relating to any combination, machine, or process in which such
products or services might be or are used. TI's publication of information regarding any third party’s products
or services does not constitute TI's approval, license, warranty or endorsement thereof.

Reproduction of information in Tl data books or data sheets is permissible only if reproduction is without
alteration and is accompanied by all associated warranties, conditions, limitations and notices. Representation
or reproduction of this information with alteration voids all warranties provided for an associated Tl product or
service, is an unfair and deceptive business practice, and Tl is not responsible nor liable for any such use.

Resale of TI's products or services with statements different from or beyond the parameters stated by TI for
that product or service voids all express and any implied warranties for the associated TI product or service,
is an unfair and deceptive business practice, and Tl is not responsible nor liable for any such use.
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