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fitness for a particular application. Crystal assumes no responsibility for the use of any circuitry other than the circuitry in a Crystal product.
No circuit patent licenses are implied.
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of information included herein. Additionally, Crystal assumes no responsibility for the functioning of undescribed features or parameters.
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LIFE SUPPORT AND NUCLEAR POLICY

CRYSTAL SEMICONDUCTOR PRODUCTS ARE NOT AUTHORIZED FOR AND SHOULD NOT BE USED WITHIN LIFE SUP-
PORT SYSTEMS OR NUCLEAR FACILITY APPLICATIONS WITHOUT THE SPECIFIC WRITTEN CONSENT OF CRYSTAL
SEMICONDUCTOR.

Life Support Systems are equipment intended to support or sustain life and whose failure to perform when properly used in accordance with
instructions provided can be reasonably expected to result in personal injury or death. Users contemplating applications of Crystal Semicon-
ductor products in Life Support Systems are requested to contact Crystal Semiconductor factory headquarters to establish suitable terms and
conditions for these applications. Crystal Semiconductor’s warranty is limited to replacement of defective components and does not cover
injury to persons or property or other consequential damages.

Examples of devices considered to be life support devices are neonatal oxygen analyzers, nerve stimulators (whether used for anesthesia,
pain relief, or other purposes), autotransfusion devices, blood pumps, defibrillators, arrhythmia detectors and alarms, pacemakers, hemodia-
lysis systems, peritoneal dialysis systems, neonatal ventilator incubators, ventilators for both adults and infants, anesthesia ventilators, and
infusion pumps, as well as other devices designated as "critical" by the FDA. The above are examples only and are not intended to be
conclusive or exclusive of any other life support device.

Examples of nuclear facility applications are applications in (a) a nuclear reactor, or (b) any device designed or used in connection with the
handling, processing, packaging, preparation, utilization, fabricating, alloying, storing, or disposal of fissionable material or waste products
thereof.
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Products in this book may be covered by one or more of the following patents. Additional patents are
pending.

U.S.A.:

4,709,225; 4,849,662; 4,804,863; 4,748,418; 4,746,899; 4,805,198; 4,851,841; 4,943,807; 4,939,516;
5,055,846; 4,918,454; 4,941,156; 4,988,954, 5,068,660; 5,079,550; 5,039,989; 5,012,244, 5,088,107,
5,087,914, 5,061,925; 5,111,451; 5,117,200; 5,121,080; 5,140,279; 5,150,386; 5,157,395, 5,172,115;
5,187,390, 5,196,850, 5,198,782; 5,208,597; 5,212,659; 5,220,483; 5,245,344, 5,247,210, 5,248,970;
5,257,026.

Germany:
3,642,070; 3,736,735; 3,737,279; 3,733,682; 3,933,552; 4,002,871; 4,127,096; 4,202,180.

Great Britain:
2,184,621; 2,198,306; 2,198,305; 2,195,848; 2,223,879; 2,232,547.

France:
2,591,753; 2,604,839; 2,606,565.
Jdpan:
1,684,670; 1,736,807; 1,747,991.
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COMPANY INFORMATION

Crystal’s proprietary SMART Analog™ design technique, incorporating analog and digital circuitry in
monolithic CMOS devices, represents a powerful new technology in the semiconductor industry. This
innovative approach to design eliminates many of the sources of inconsistent performance in traditional
analog circuitry.

Maximum system performance is built-in from initial research on end-user requirements through prod-
uct definition. Product quality and reliability is designed into the device architecture and is further
assured through rigorous standards for fabrication, assembly and testing. Crystal’s part numbering
scheme is as follows:

CSLXXXX - TPNNH/R

DEVICE REVISION: DOES NOT APPEAR HERE ON PACKAGE MARK.
REVISION IS COVERED IN DATE CODE STAMP.
USED ONLY FOR ORDERING/TRACKING.

SPECIAL HANDLING ,ALPHA ONLY A-COMMERCIAL HIGH-REL
B-MILITARY 883B REV. C PROCESSING

ELECTRICAL OR SPEED SPECIFICATION. (OPTIONAL) UP TO 2
NUMERIC DIGITS. NO ALPHA CHARACTERS. SEE DATA SHEET

PACKAGE CODE -REQUIRED ,ALPHA CHARACTER ONLY,NO NUMERICS

P = PLASTIC DIP S=0.3"S0IC

C = CERAMIC SIDEBRAZE E= CERAMIC LCC

D = CERDIP J=J-LEAD CERAMIC CHIP CARRIER

L = PLASTIC LEADED CHIP CARRIER,J LEAD G= GULLWING CERAMIC CHIP CARRIER
U= UNPACKAGED DIE Q= PLASTIC QUAD FLATPACK

TEMPERATURE SPECIFICATION - REQUIRED,ALPHA CHARACTER ONLY
SIGNAL CONDITIONING/COMMUNICATION:
C= 0°C to70 C
I= -40 °C to85 °C
M= -55°C to125 °C

TEMPERATURE/ACCURACY - REQUIRED,ALPHA CHARACTER ONLY

DATA ACQUISITION:
TEMPERATURE ACCURACY

GOOD BETTER BEST
0°C to70 °C J K L
-40 °C to85 °C A B c
-55 °C t0125 °C S T U

— UP TO FOUR ALPHANUMERIC DIGITS COMPRISE REMAINDER OF BASIC PART NUMBER

CRYSTAL PRODUCT LINE (PROPRIETARY PARTS; SECOND-SOURCE PARTS HAVE EXCEPTIONS):
L— 3 = DATA ACQ. SUPPORT CIRCUITS

42 = CODECS

43 = D/A CONVERTERS

5= A/D CONVERTERS

6 = TELECOMMUNICATIONS

7 = SIGNAL CONDITIONING

8 = DATACOMMUNICATIONS

'— CRYSTAL SEMICONDUCTOR
"CS" = ALL CRYSTAL PRODUCTS;EXCEPT FOR r
"CXT' = QUARTZ CRYSTALS REvs

"CDB" = EVALUATION BOARD 1
"CX* = CUSTOM PRODUCTS
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In addition to the part number, all Crystal parts have a second line of marking, which can be decoded as
follows:

(FAT)LLRYYWW(RF)

\‘L FOUNDRY DESIGNATOR - SECOND DIE (DUAL DIE PKGS ONLY)
, , DEVICE REVISION LEVEL - SECOND DIE (DUAL DIE PKGS ONLY)
— ASSEMBLY DATE CODE .
' DEVICE REVISION LEVEL '
LOT IDENTIFICATION
TEST SITE DESIGNATOR
L ASSEMBLY SITE DESIGNATOR |~ NOT USED ON SMALL PACKAGES

—— FOUNDRY DESIGNATOR

LOT CODE IDENTIFIER - TWO DIGIT ALPHA CHARACTER.
IDENTIFIER SEQUENCE WILL BEGIN WITH
AA,AB,AC, ETC. EACH LOT WILL RECEIVE
A UNIQUE IDENTIFIER REGARDLESS OF
DEVICE OR START DATE. SEQUENCE
BEGINS AGAIN WITH AA WHEN ZZ HAS
BEEN UTILIZED.

COMPANY BA CKGRO UND

Crystal Semiconductor Corporation was founded in 1984 with the goal of supplying the industry with
high-performance, mixed analog/digital CMOS circuits. In 1991, Crystal became a wholly owned sub-
sidiary of Cirrus Logic.

To meet its objectives, Crystal recruited a staff of renowned CMOS analog design engineers, a scarce
resource in the industry, and teamed them:with designers trained in system architecture development.

By coupling this design staff with highly qualified application and test engineers and seasoned manage-
ment, Crystal has achieved several industry firsts. Systems designers now benefit from the performance
and cost savings of Crystal breakthroughs such as self-calibrating ADCs, monolithic T1 interfaces and
the industry’s first implementations of "delta sigma" oversampling A-to-D converters.

Headquartered in Austin, Texas, Crystal sells its products worldwide through a network of manufac-
turer’s representatives. Crystal’s entire marketing and sales organization is committed to providing qual-
ity products and reliable, rapid service.
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QUALITY AND RELIABILITY INFORMATION

QUALITY AND RELIABILITY INFORMATION

Crystal Semiconductor is committed at every
level of the company to the highest possible
standards of quality and reliability in its prod-
ucts. This commitment is evident in all phases of
operations: initial product definition, design, fab-
rication, assembly, test, qualification and cus-
tomer service. Product quality and reliability are
active concerns of each Crystal employee. Qual-
ity is ingrained in every operation throughout the
product life cycle. Some of the key operations
are discussed below.

In Product Definition

To ensure maximum system performance,
Crystal works with users to identify and quantify
the parameters, including quality and reliability
issues, that best serve customer needs. Quality
and reliability become part of the design goals,
along with electrical performance and cost.

In Design

Conservative CMOS design rules are the basis
for all current Crystal products. In addition, ex-
tensive use is made of proven standard cells to
drastically reduce the possibility of design errors.

Each pin in every SMART Analog product is de-
signed to meet ESD levels of at least 2500V
when tested per MIL STD 883C, Method 3015.
Each pin is also designed to withstand more than
200mA of DC latch current.

Crystal SMART Analog design architectures
provide quality and reliability comparable to
leading digital devices and memories. This is far
superior to traditional analog ICs and hybrids.
On-chip digital error correction provides stable
performance over time and temperature by tak-
ing advantage of digital controls that are insensi-
tive to parametric analog problems such as leak-
ages and shifts in threshold voltage. Using Crys-
tal devices, designers have fewer error sources to

consider. The result is a less complicated, more
reliable system.

In Fabrication and Assembly

Crystal ensures reliable delivery of quality parts
by accessing established foundries in multiple
locations worldwide. Each fabrication facility is
qualified by Crystal. Assembly is performed
both domestically and offshore under carefully
documented and well-controlled conditions.

Wafer fabrication and assembly processes
undergo in-line quality inspections. Wafers are
inspected optically to guidelines based on MIL
STD 883C, Method 2010. Each die is electri-
cally tested using proprietary test circuits that
verify key parameters. Following assembly,
packages are subjected to a variety of mechani-
cal inspections to verify integrity and insure high
quality. (For example, x-ray inspection to 3.0
percent LTPD is one of the standard production
tests.)

In Test

In a break from traditional analog components,
Crystal’s SMART Analog products include basic
test capabilities designed into each chip. Crys-
tal’s in-process quality assurance program uses
this designed-in testability to monitor and track
the performance and quality of these complex
circuits. Finished packaged components are
tested 100 percent electrically, over temperature
where critical parameters are involved. With
these extensive quality programs, Crystal guar-
antees outgoing electrical quality levels on all
data sheet specifications to a 0.065 percent AQL
level over the full specified temperature range.

Throughout the assembly and test phases, trace-
ability to the original wafer lot is carefully main-
tained.

Q&R1
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In Product Qualification

Before any Crystal product is released to pro-
duction and shipped in volume, it must undergo
a thorough qualification program. Crystal has
separate qualification criteria to address both
long-term reliability and infant mortality so that
the sources of failure are identified and elimi-
nated. Crystal uses military specifications as the
guidelines for reliability tests, methods and pro-
cedures. (See Qualification Criteria Table)

To ensure reliability of the design and processes,
full qualification requires that three non-
consecutive lots are used during the qualification
program. Fabrication and assembly facilities are
audited every six months and routinely moni-
tored. Any major design or process changes are
re-qualified.

These steps guarantee that Crystal products
maintain the high standards of reliability de-
signed-in from the start.

In Customer Service

Compliance with purchasing requirements 'is
ensured through the use of Crystal’s
computerized system "Compass" (Crystal On-
line Marketing, Production, and Sales System).
This processing system ensures that all orders
are entered correctly, scheduled properly, pro-
duced according to schedule, and shipped with
zero discrepancies.

All systems and procedures at Crystal
Semiconductor are aimed at continuously
improving the quality and reliability. of our prod-
ucts and services to meet the needs of our cus-
tomers.

Crystal’s philosophy on quality is to anticipate
problems and develop systems and controls to
alleviate possible problems. It is a well stated
fact by Juran and Deming, two of the nation’s
foremost experts on quality, that 85% of all

quality problems are system related and 15% are
worker related. Therefore, Crystal devotes its
major quality efforts toward preventing system
related quality problems.

Crystal has a very aggressive audit program in
place. Monthly internal audits are performed to
insure compliance to the extensive documenta-
tion of instructions and criteria for testing and
inspection. Semi-annual vendor audits are per-
formed on the assembly and fabrication foun-
dries. Vendor audits insure the adequacy and
compliance of specifications, product flow,
training, process controls and cleanliness. All
internal and external audits have provisions for
ratings and a system for corrective action
requirements. These frequent audits by assembly,
fabrication and quality engineers maximize
system quality compliance.

As an added measure of continued high quality
from assembly and fabrication foundries, thor-
ough incoming inspections are performed. Wafer
level optical inspection is based upon guidelines
of MIL STD 883C, METHOD 2010. Test die are
electrically tested to verify compliance to key
process parameters based upon design rule speci-
fications. These electrical parameters include
threshold voltages, breakdown voltages, material
resistance, and contact resistance. Assembly
packaging inspection includes external visual,
marking permanency, solderability, x-ray, her-
meticity, die shear, wirepull and internal visual.

Preventive measures are very much in force in
the final test area. Equipment calibration and
preventive maintenance procedures are strictly
adhered to. Handling procedures for Electrostatic
Discharge are in place throughout the test areas.
Non-conforming material is segregated until dis-
position by a material review board. There are
controlled procedures for releasing new test pro-
grams and new test equipment to the production
environment. In summary, Crystal Semiconduc-
tor is committed to meet the quality require-
ments of its customers.

1-6
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Qualification Criteria Table World
______________ Production Production  Class
. Method = XN Y]] Level |
Quality Performance R
Outgoing Quality (elec./vis-mech/ship.) - Crystal Spec. 2500 1500 500
Fault Coverage (Digital) n/a n/a 95%
Datasheet Test Coverage (Digital) . Datasheet 100% 100% 100%
Datasheet Test Coverage (Analog) - Datasheet 100% 100% 100%
ESD - Human Body Model - MIL 3015 1500 2000 4000
ESD - Machine Model - MiL3015 - - 300
Latchup - Power Supp|y1 - JEDEC 17 Vce+1V  Vee+50% Vec+50%
Latchup - /0’ . JEDEC17 | #50 +100 +200
Reliability Performance
Infant Mortality (48hrs@125°C or equiv.)2 - MIL 1005 - - 1000
Early Life (168hrs@125°C or 1yr. equiv.)® © MIL 1005 11674 500 300
Operating Life (1000hrs@125°C or 10yr, equiv.)® - MIL 1005 500 300 100
Moisture Performance
Moisture Resistance - THB (plastic pkgs) - JEDEC 22B | 500/5% 1k/5% 1k/3%
Autoclave (plastic pkgs) - JEDEC 22B | 96/5% 144/5%  144/13%
Temp Cycle (plastic pkgs) - MiIL 1010 500/5% 1k/5% 1k/3%
Thermal Shock (plastic pkgs) - MiL1011 200/5%  500/5% 1k/3%
Temp Cycle w/ Hermeticity (hermetic pkgs) © MIL1010/14 | 500/5% 1k/5% 1k/3%
Thermal Shock w/ Hermeticity (hermetic pkgs) © MIL 1011/14 | 200/5%  500/5% 1k/3%
Soak &VPR (surface mount plastic pkgs) - Crystal Spec. | 3/5% 3/3% 31%
Xray - Crystal Spec. | 2.50% 2.50% 0.65%
Dimensions - MiL2016 2.50% 2.50% 0.65%
Solderability - MIL2003 2.50% 2.50% 0.65%
Lead Integrity & Lead Pull © MIL 2004 250%  2.50% 0.65%
Mark Permanency - MIL2015 | 2.50% 2.50% 0.65%
tegrity
Design Rule and LVS Checks . Crystal Spec. yes yes yes
Design for Reliability & Packaging - Crystal Spec. yes yes yes
Product Characterization - Crystal Spec. | limited full statistical
Test guardbands - Crystal Spec. | _some 100% 100%
i t. n I i .................
Wafer cross section & topo . Crystal Spec. yes yes yes
SEM metallization - MIL2018 yes yes yes
Package - Crystal Spec. yes yes yes

Notes: 1. at High Temperatures (exc. Lev.IV)

2. Point Estimate

3. 55°C, 0.7eV, 60%UCL

4. #accept/n

5. LTPD and AGL criteria in table above apply to each lot tested.

CUM LTPD and AQL numbers are also required for Level II:
Individual Lot L i

5% LTPD 3% LTPD
3% LTPD 1% LTPD
2.5% AQL 1.0% AQL

Q&R1
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DIGITAL-TO-ANALOG CONVERTERS

CS4328 Digital to Analog Converter

The CS4328 is the industry’s first complete stereo

* digital-to-analog output system. - This 18-bit stereo

D/A converter uses Crystal’s well established
oversampling converter techniques.

The CS4328 includes the major system elements
of 8X interpolation filter, 64X delta-sigma modu-
lator, 1-bit D/A converter and a 124 dB signal-to-
noise ratio analog anti-imaging filter, all in one
packaged, tested, solution. The device features
patented delta-sigma architectures to maintain ex-
cellent distortion performance, even at low signal
levels. The output anti-imaging filters are the first
to be based on a mixed linear/switched capacitor
architecture. This approach is particularly insensi-
tive to clock jitter and allows the benefit of scal-
ing the bandwidth proportionally to the system
master clock. The CS4328 is therefore adjustable
for both audio and voice band applications. The
flexible digital interface makes with CD player
circuitry, DAT recorders and DSP’s.

CS4303 Digital to Analog Converter

The CS4303 is an all digital 1.C. containing an 8X
interpolation filter and overall .64X oversampling
delta-sigma modulator. ~Addition of an external
analog reconstruction filter yields 107 dB dynamic
range with superb low level linearity.

CS4330 Digital to Analog converter

Packaged in an 8 pin SOIC, the CS4330 is the
world’s smallest stereo audio DAC. This 16-bit
complete digital-to-analog output system contains
interpolation filters, 128X oversampling delta-
sigma modulators, 1-bit D/A converters, and ana-
log filtering. De-emphasis is also included for CD
applications.

CONTENTS
CS4303 107 dB, D/A Converter for Digital Audio . . . . . . . . . 23
CDB4303 Evaluation Board for CS4303 . S L
CS4328 18-Bit, Stereo D/A Converter for Digital Audxo ) |
CDB4328 Evaluation Board for CS4328 . . .. ... 250
CS4330 16-bit, 8 Pin, Stereo D/A Converter for D1g1ta1 Aud10 2 ) |

2-2
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107 dB, D/A Converter for Digital Audio

Features General Description
The CS4303 is a high performance delta-sigma D/A
® Stereo Delta-Sigma D/A converter converter for digital audio systems which require wide
8x Interpolation Filter dynamic range. The CS4303 includes 8x interpolation
64x DeIta—Sigma DAC and a 64x oversampled delta-sigma modulator that
outputs a 1-bit signal to an external analog low pass
o Single +5V Operation filtter. The 1’s density of the 1-bit signal is proportional
to the digital input.
® Adjustable System sampling Rates The CS4303 has a configurable input serial port that

including 32 kHz, 44.1 kHz and 48 kHz/| provides four interface formats. The master clock rate
can be either 256 or 384 times the input word rate,
® 107 dB Dynamic Range Over the supporting various audio environments.

Audio Bandwidth
® +0.0002 dB Passband Ripple

® Flexible Serial Input Port Ordering Information:

Supports Multiple Input Formats Model Temp. Range  Package Type
: CS4303-KS 0° to 70°C 28-pin plastic SOIC
16 or 18 Bit Input Words CS4303-KP  0°t070°C  28-pin plastic DIP
SDATAI LRCK BICK DIF1 DIFO
18 20| 19| 13| 14
15 Input Format AGND2
VD1 Controller Reh AGND1
DGND1 16 Bt VA3
8x || Delta-Sigma * DAC DOR+
Interpolator Modulator
T DOR-
- DOL+
8x |__,| Delta-Sigma Lch DOL-
Interpolator Modulator N 1-Bit
DAC AGND3
21
DZF y+* System Clock Osc/ VA1
MUTE 1—9—' Controller Divider VA2
10 |11 121 28 1y 8| 17 2I 271
RST TST1 TST2 XTI XTO CKS SCKO DGND2 VD2

Preliminary Produ P This document contains information for a new product. Crystal
y duct Information Semiconductor reserves the right to modify this product without notice.

Crystal Semiconductor Corporation AUG '93
P.O. Box 17847, Austin, TX 78760 Copyright © Crystal Semiconductor Corporation DS81PP2
(512) 445-7222 FAX: (512) 445-7581 (All Rights Reserved) 23
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ANALOG CHARACTERISTICS (TA = 25°C: VD1, VAT, VA2, VA3, VD2 = +5.0V ; Full-scale Output
Sinewave, 991 Hz;"Input Word Rate = 48 kHz; BICK = 3.072 MHz; Logic "1"'= VD, Logic "0" = DGND) *

Parameter - = ]Symbol I Min I Typ | Max LUni'ts"
Dynamic Performance ,

Dynamic Range (Note 1) o - 107 - dB
Total Harmonic Distortion + Noise (digital fullscale input) | THD+N - 100 | - dB
Interchannel Isolation ; . - 115 - dB

Power supplies o
Power Supply Current RST = High: ‘ VD1 - 27 - mA
VA1, VA2, VA3 - 4 - mA
: VD2 - 2 - mA
RST = Low: VD1 - 5 - mA
VA1, VA2, VA3 - 0.1 - mA
VD2 - 1 | - mA
Power Dissipation (RST = High) - 165 300 | mw

Note 1. Assumes ideal conversion of 1-bit data to an analog signal

DIGITAL FILTER CHARACTERISTICS (Ta = 25°C; VD1, VA1, VA2, VA3, VD2 = +5V+ 5%; In-
put Word Rate = 48 kHz)

Parameter Symbol | Min Typ | ‘Max | Units
Pass Band : : +0.0002 dB corner 0 - ¢ 218 kHz
EER + to -3 dB corner : i 0 - 235 kHz
Stop Band 26.2 - - kHz
Pass Band Ripple .~~~ . . o] - | - 400002 | dB
Stop Band Attenuation . 90 - - dB
GroupreIay (IWR = Input Word Rate) . - 33/IWR - s
Deviation from Linear Phase - - 0 deg

ABSOLUTE MAXIMUM RATINGS (AGND1, AGND2, AGND3, DGND1, DGND2 = 0V; Al Volt-
ages With Respect to Ground)

Parameter a Symbol Min Max Units

DC Power Supplies: :

Positive Digital : VD - -0.3 © 6.0 \%
Positive Analog - ‘ (VA1,VA2,VA3,VD2) VA -0.3 6.0 \
IVA - VDI . - 0.4 Vv
Input Current k o S W | - 0 mA
Digital Input Voltage -0.3 VD + 0.3 \
Ambient.Operating Temperature . S - =100 70 .. J..°C

- Specifications are subject to change without notice. )

Py ’ DS81PP2
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DIGITAL CHARACTERISTICS (14 = 25°C; VD1, VA1, VA2, VA3, VD2 = 5V + 5%; Input Word
Rate = 48 kHz)

Parameter Symbol Min Typ Max Units
Digital Input Voltage High-level VH |VD-1.0 - - \
Low-level ViL - - 1.0 \
Digital Output Voltage High-level lo = -20pA | VoH 4.4 - - \
Low-level lo =+20pnA | VoL - - 0.1 \
Input Leakage Current IIN - +1.0 - LA

SWITCHING CHARACTERISTICS (14 = 25°C; VA1, VA2, VA3, VD1, VD2 = 5V + 5%:
Inputs: Logic 0 = DGND, Logic 1 = VD, CL = 20 pF)

Parameter Symbol | Min Typ Max Units

Master Clock Frequency using Internal Oscillator:

CKS=H (384 x Fs) |XTI/XTO | 10.7 - 19.2 MHz

CKS=L (256 x Fs) - 71 - 13.9 MHz
Master Clock Frequency using External Clock:

CKS=H (384 x Fs) |XTI/XTO | 0.384 - 19.2 MHz

CKS=L (256 x Fs) - 0.256 - 13.9 MHz
XTI/XTO Pulse Width Low 21 - - ns
XTI/XTO Pulse Width High 21 - - ns
BICK Pulse Width Low thickl 30 - - ns
BICK Pulse Width High thickh 30 - - ns
BICK Period thickw 80 - - ns
BICK rising to LRCK edge delay (Note 2) | tprg 35 - - ns
BICK rising to LRCK edge setup time (Note 2) | tprs 35 - - ns
SDATAI valid to BICK rising setup time (Note 2) | tgpg 35 - - ns
BICK rising to SDATAI hold time (Note 2) | thgh 35 - - ns
RST Minimum Pulse Width Low 2 periods of XTI/XTO

Note: 2. "BICK rising" refers to modes 0, 1, and 3. For mode 2, replace "BICK rising" with "BICK falling."

LRCK LRCK
t. t. . .
bickl “bickh t t
tbird tbirs toird toirs bickl tbickh
BICK BICK
tsbs tbsh
SDATAI ) SDATAI

Serial Data Input Timing (Modes 0, 1 and 3) Serial Data Input Timing (Mode 2)

|
|
|
|
|

DS81PP2 25
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4 — (N - ~+5V Analog
L j_ 115 T Férrite Bead IZ7 L ji
10 pF—— I01 uF VD1 VD2 o1pFg g1om=
. 5
- 20 LRCK VA1
Audio 19 -
Data BICK VA2
Processor 18
SDATAI VA3 23
__|optional crystal oscillator 9
1 MUTE * " |Mute/Input
| 17 21
| +—{sCKO DzF [ _Sense
74HC : ’
| dev,ce €S4303 3
XTO DoL+ 4 |Analog |, Analog Out
DOL-—"] Filter Left
XTI
26
DOR+ Analog | | Analog Out
DOR- 25, Filter Right
- CKS 11
Mode 14 DIFO TST1
Select 12
13 DIF1 TST2
Power Up 10| —— DGND2 [ 2—
Reset R @
DGND1 AGND1 AGND2 AGND3

J;s $4 %zz g

- v

Figure 1. CS4303 Typical Connection Diagram

GENERAL DESCRIPTION

The CS4303 is a stereo digital-to-analog system
designed. for digital audio. The system accepts
data at standard audio frequencies, such as
48 kHz, 44.1 kHz, and 32 kHz. The architecture
includes an 8x oversampling filter followed by a
64x oversampled one-bit delta-sigma modulator
and 1-bit DAC as shown in Figure 2. The 1-bit
data is passed through an external analog low-
pass filter to produce the audio signal.

18 Bit 8x Interpolation

18 Bit

The primary purpose of using delta-sigma modu-

lation techniques is to avoid the limitations of

laser trimmed resistive DAC architectures by us-
ing an inherently linear 1-bit DAC. The
advantages of a 1-bit DAC include: ideal differ-
ential linearity, no distortion mechanisms due to
resistor matching errors and no linearity drift
over time and temperature due to variations in
resistor values.

Digital Input —

fs Filter

1 Bit
Sth-order 64 fs .
Delta-Sigma I1DE(I;
Modulator

Figure 2. CS4303 Architecture

DS81PP2
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Figure 3. CS4303 Interpolation Filter Input
- ( \ % ( \
I é
Z
+ . :
24 8Fs 7  16Fs f (kHz)

Figure 4. CS4303 Interpolation Filter Output

Digital Interpolation Filter

The digital interpolation filter increases the sam-
ple rate by a factor of 8 and eliminates images of
the baseband audio signal which exist at multi-
ples of the input sample rate, Fs (Figure 3). This
allows for the selection of a less complex analog
filter based on out-of-band noise attenuation re-
quirements rather than anti-image filtering.
Following the interpolation filter, the resulting
frequency spectrum (Figure 4) has images of the
input signal at multiples of eight times the input
sample rate, 8Fs. These images are removed by
the analog filter required to filter the 1-bit data.

Magnitude (dB)

L 1

-200 L L 1 I L 1 L
0 20 40 60 80 100 120 140 160 180 200

Frequency (kHz)

Figure 5. 1-bit Modulator Output (Fs = 48 kHz)

Delta-Sigma Modulator

The interpolation filter is followed by a fifth-or-
der delta-sigma modulator which converts the
8Fs multi-bit interpolation filter output into 1-bit
data at 64 times Fs. The frequency spectrum of
the 1-bit delta- sigma modulator output is shown
in Figure 5 for an Fs of 48 kHz.

One-Bit DAC

The CS4303 incorporates a differential output to
maximize the output level and minimize the
amount of gain required in the analog filter.
Figure 6 shows each output as well as the differ-
entially summed output for an arbitrary 1-bit
data stream.

DO-

(004)-(0) w

Figure 6. CS4303 Differential Outputs

DS81PP2
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Return-to-zero coding is utilized where each oc-
curence of a 1 is 75% high and returns low for
25% of the bit period as shown in Figure 7. This
technique ensures that the energy within each 1
includes the effects of finite rise and fall times
regardless of the previous or next state and mini-
mizes distortion.

Figure 7. Return to Zero Encoding

SYSTEM DESIGN
System Clock Input

The master clock (XTI/XTO) input to the DAC
is used to operate the digital interpolation filter
and the delta-sigma modulator. The master clock
can be either a crystal placed across the XTI and
XTO pins, or an external clock input to the XTI
pin with the XTO pin left floating.

The frequency of XTI/XTO is determined by the
desired Input Word Rate, IWR, and the setting of
the Clock Select pin, CKS. IWR is the frequency
at which words for each channel are input to the
DAC and is equal to the LRCK frequency. Set-
ting CKS low selects an XTI/XTO frequency of
256x IWR while setting CKS high selects
384x IWR. Table 1 illustrates various audio
word rates and corresponding frequencies used
in the DAC.

The remaining system clocks, LRCK and BICK,
must be synchronously derived from XTI/XTO.
If the CS4303 internal oscillator is used, the cir-
cuit must be configured and XTO buffered as
shown in Figure 1. XTI/XTO can be divided to
produce LRCK and BICK using a synchronous
counter such as 74HC590. Notice that the value
of the capacitor on XTO is 10 pF and the XTI
capacitor is 15 pF, which allows for 5 pF of gate
and stray capacitance.

LRCK CKS XTIUXTO
(kHz) (MHz)
32 - low 8.192
441 low 11.2896
44.1 high 16.9344
48 low 12.288

Table 1. Common Clock Frequencies

Serial Data Interface

Data is input to the CS4303 via three serial input
pins; SDATAI is the serial data input, BICK is
the serial data clock and LRCK defines the chan-
nel and delineation of data. The DAC supports
four serial data formats which are selected -via
the digital input format pins DIF0.and DIF1. The
different formats control the relationship of
LRCK to SDATAI and the edge of BICK used to
latch data. Table 2 lists the four formats, along
with the associated figure number. Format O is
compatible with existing 16-bit D/A converters
and digital filters. Format 1 is an 18-bit version
of format 0. Format 2 is similar to Crystal ADCs
and many DSP serial ports. Format 3 is compat-
ible with the IS serial data protocol. Formats 2
and 3 support 18-bit input or 16-bit followed by
two zeros. In all four serial input formats, the
serial data is MSB-first and 2’s-complement for-
mat.

Formats 0, 2 and 3 will operate with 16-bit data
and 16 BICK pulses as well. See Figure 11 for

DIF1 DIFO Format Figure
0 0 0 8
0 1 1 8
1 0 2 9
1 1 3 10

Table 2. Digital Input Formats

2-8

DS81PP2



r J4 Y17 4 4 14
- CS4303

)
ok | - Left Channel Le Right Channel ’_3

o JULLIL ,LFMFLFLFLFLHMLFUULHILFLHJW MMMWUMM
sotal [+To] [ /% T ] Jislalishzlifiol s [ s[[s z[1]o] } {7 ] Jrslefisleliliolo s ] s s ]+ o] ]

Mode 0
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Mode 1

Figure 8. Digital Input Formats 0 & 1
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Figure 9. Digital Input Format 2
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Figure 10. Digital Input Format 3
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Figure 11. Digital Input Formats 0, 2 and 3 with 16 BICK Periods
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16-bit timing. However, the use of
BICK = 64x IWR is recommended to minimize
the possibility of performance degradation result-
ing from BICK coupling on the supply voltages.

Reset

RST is an active low signal that resets the digital
filter and delta-sigma modulator and synchro-
nizes LRCK with internal control signals. The
CS4303 DOL+\- and DOR+\- outputs are forced
to zero during reset.

Power-Up Considerations

Upon initial application of power to the DAC,
the digital filter registers will be indeterminate.
RST should be low during power-up to prevent
this erroneous information from being output
from the DAC. Bringing RST high will initialize
these registers.

Muting

The Mute functions of the CS4303 involve the
recognition of 0 input data for 4096 consecutive
LRCK cycles. If the MUTE pin is HIGH, the
DATA outputs will be forced to 0 following
4096 LRCK cycles with O input data. If left
LOW, the MUTE circuit will ignore 0 input data.
The DZF, Data Zero Flag, pin will go HIGH fol-
lowing O input data for 4096 consecutive LRCK
cycles regardless of the Mute pin status. The
DZF output can be used to control an external
muting circuit.

A two stage MUTE operation can be imple-
mented by forcing SDATAI to 0 using an AND
gate as shown in Figure 12. The first mute oc-
curs following 33 LRCK cycles when the 0
input data propagates to the output of the DAC.
Following a total of 4096 LRCK cycles with 0
input data the output of the CS4303 will mute.
Upon release of the MUTE command and non-
zero input data, the CS4303 output mute will
immediately release. However, 33 LRCK cycles
are required for input data to propagate to the
output.

Analog Output and Filtering

The primary function of the analog filter is to
attenuate the noise generated by the delta-sigma
modulator beyond the audio passband. The se-
lection of the filter transfer function is based on
the optimization of out-of-band noise attenu-
ation, passband amplitude and phase
requirements. The computer simulated frequency
spectrum of the 1-bit delta-sigma modulator out-
put is shown in Figure 5 for an Fs of 48 kHz.
Figures 13-15 show the results of computer
simulations demonstrating the attenuation of out-
of-band noise with 3, 5 and 7 pole Butterworth
filters. The filter corner frequencies were se-
lected to achieve a maximum attenuation of
0.2 dB at 20kHz.

0

7 8kHz Fundamental 120 kHz Bandwidth
; . Dynamic Range = 52.87 dB

20 -

Magnitude (dB)

Frequency (kHz)

Figure 13. Simulated Noise Attenuation
3rd Order Filter

2-10
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Figure 14. Simulated Noise Attenuation
Fifth Order Filter

The suggested filter of Figures 16-19 is a 5-pole
Butterworth modified to realize a 6-pole re-
sponse. Implementing a pole as a passive RC in
the input of the analog circuit along with a high
slew rate op-amp will eliminate slew rate related
distortion. This architecture provides matched
loading for the differential outputs and a noise-
free pole for additional out-of-band noise
attenuation.

Frequency (kHz)

Figure 15. Simulated Noise Attenuation
Seventh Order Filter

Measuring System Performance

The effects of out-of-band noise must be consid-
ered when making THD+N and dynamic range
measurements. The dynamic range specifica-
tions of Figures 13-15 are identical over a 20kHz
bandwidth but differ by 46 dB over the 120kHz
bandwidth. The proper use of a measurement
bandlimiting filter is critical for evaluating the
in-band performance of systems with low-order
analog filters. The measurement bandwidth must
be properly limited to prevent out-of-band en-
ergy from dominating the measurements.

680pF
2.1k
121k  1.21k 5.62k Y
2.1k
" 2.1k 1050 .0022uF
A
.0033uF 1 .0033pF == Analog
- Out
Tt 2.1k 1050
—AA—
/ 1k I .0022uF
— AN N—————4
121k 121k | 5.62k =
o Sam— i
680pF

Figure 16. Suggested 6-Pole Analog Filter

DS81PP2
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Figure 19. Simulated Analog Filter Group Delay
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System Performance Measurements

The following collection of CS4303 measure-
ment plots (IWR = 48 kHz) were taken from a
CDB4303 evaluation board with an Audio Preci-
sion Dual Domain System One. All FFT plots
are 16,384 point. Several of the plots are influ-
enced by inadequate dithering of the test signal.

Figure 20 shows the unmuted noise. This data
was taken by feeding the CS4303 all zero’s. This
plot shows the noise shaping characteristics of
the delta-sigma modulator combined with the
analog filter.

Figure 21 shows the A-weighted THD+N vs sig-
nal amplitude for a dithered 1kHz input signal.
The small variations in THD + N at around
-70 dB are caused by inadequate dithering of the
test signal. The System One was set to 18-bit tri-
angular dither.

Figures 22 and 23 show the fade-to-noise
linearity. The input test signal is a dithered
500 Hz sine wave which gradually fades from
-60 dB level to -120 dB. During the fading, the
output level from the CS4303 is measured and
compared to the ideal level. Notice the very
close tracking of the output level to the ideal,
even at low level inputs of -90 dB. The gradual
shift of the plot away from zero at signal levels
< -100 dB is caused by the background noise
starting to dominate the measurement. Figure 22
shows the result with 18-bit dithered data. The
1 dB shift at -95 dB is due to inadequate dither.
Figure 23 shows the result with 16-bit dithered
data.

Figure 24 shows a 16K FFT plot result, with a
1 kHz -100 dB 17-bit dithered input. Notice
the lack of distortion components.

Figure 25 shows the monotonicity test result
plot. The input data to the CS4303 is +1 LSB,
-1 LSB four times, then +2 LSB, -2 LSB four
times and so on, until +10 LSB, -10 LSB. This

data pattern is taken from track 21 of the CD-1
test disk. Notice the increasing staircase enve-
lope, with no decreasing elements. Notice also
the clear resolution of the LSB. For this test, one
LSB is a 16-bit LSB.

The following tests were done by filtering the
analog output of the CS4303 with the System
One analyzer 1 kHz notch filter to reduce the
peak signal level. The resulting signal was then
amplified and applied to the DSP module, avoid-
ing distortion in the System One A/D converter.

Figure 26 shows a 16K FFT Plot with a 1 kHz,
0 dB input. Notice the low order harmonic dis-
tortion at < -100 dB.

Figure 27 shows a 16K FFT Plot with a 1 kHz,
-10 dB input. Notice the almost complete ab-
sence of distortion, with a small residual 2nd
harmonic below -120 dB.

Schematic & Layout Review Service

Confirm Optimum
Schematic & Layout
Before Building Your Board.

For Our Free Review Service
Call Applications Engineering.

Call: (512)445-7222

DS81PP2
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Figure 22. Fade to Noise Dithered 18-bit L

Figure 20. Unmuted Noise
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Figure 23. Fade to Noise Dithered 16-bit Linearity

Figure 21. 1 kHz A-weighted THD + N vs Level
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CS4303

PIN DESCRIPTIONS

Crystal Oscillator Output XTO0 [1° 28 ] XTI
Crystal Ground DGND2 [ 2 277 VD2
Left Output Data + DOL+ [|3 26 | ] DOR+
Left Ou::)ut Data - DOL- 4 CS4303 25| ] DOR-
Left Analog Power 1 VA1 g 5 24 ] AGND1
Left Analog Ground AGND3 [ |6 - 23] VA3
Left Analog Power 2 VA2 [|7 22 ] AGND2
Clock Select CKS (|8 21 ] DZF
Mute MUTE (]9 20| ] LRCK
Reset RST [ 10 19 [] BICK
Test 1 TST1 (|11 18 ] SDATAI
Test 2 TST2 [ 12 17 1 SCKO
Digital Input Format 1 DIF1 [ 13 16 |_| DGND1
Digital Input Format 2 DIFO []14 15[ 1 VD1

Power Supply Connections
VA1, VA2, VA3 - Analog Power, PINS 5, 7, 23.
Positive analog supplies. Nominally +5 volts.

AGND1, AGND2, AGND3 - Analog Grounds, PINS 6, 22, 24.
Analog ground reference.

VD1 - Digital Power, PIN 15.
Positive supply for the digital section. Nominally +5 volts.

DGND1 - Digital Ground, PIN 16.
Ground for the digital section.

VD2 - Crystal Power, PIN 27.
Positive supply for the crystal oscillator. Nominally +5 volts.

DGND?2 - Crystal Ground, PIN 2.
Crystal ground reference.

Crystal or Clock Input
Crystal Power

Right Output Data +
Right Output Data -
Right Analog Ground 1
Right Analog Power
Right Analog Ground 2
Data Zero Flag
Left/Right Clock Input
Serial Bit Clock Input
Serial Data Input

256 Fs Clock Output
Digital Ground

Digital Power

2-16
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Digital Inputs

XTI - Crystal or Clock Input, PIN 28.
A crystal oscillator can be connected between this pin and XTO, or an external CMOS clock

can be input on XTI. The frequency must be either 256x or 384x the input word rate based on
the clock select pin, CKS.

MUTE - Mute Input, PIN 9.
This input determines if the CS4303 will recognize an input string of 4096 zeros to initiate a
muted output. If left low, the CS4303 will not mute.

DZF - Data Zero Flag, PIN 21.
This pin will go High following O input data for 4096 consecutive LRCK cycles regardless of
the Mute pin status.

SCKO - Serial Clock Output, PIN 17
Clock output of 256% the input word rate regardless of the CKS pin status.

LRCK - Left/Right Clock, PIN 20.
This input determines which channel is currently active on the Serial Data Input pin, SDATAL
The format of LRCK is controlled by DIFO and DIF1.

BICK - Serial Bit Input Clock, PIN 19.
Clocks the individual bits of the serial data in from the SDATAI pin. The polarity with respect
to the serial data is controlled by DIFO and DIF1.

SDATALI - Serial Input, PIN 18.
Two’s complement MSB-first serial data of either 16 or 18 bits is input on this pin. The data is
clocked into the CS4303 via the BICK clock and the channel is determined by the LRCK
clock. The format for the previous two clocks is determined by the Digital Input Format pins,
DIFO and DIF1.

DIF0, DIF1 - Digital Input Format, PINS 14, 13.
These two pins select one of four formats for the incoming serial data stream. These pins set
the format of the BICK and LRCK clocks with respect to SDATAI The formats are listed in
Table 2.

CKS - Clock Speed Select, PIN 8.
Selects the clock frequency input on the XTI pin. CKS low selects 256X the input word rate
(LRCK frequency) while CKS high selects 384x.

RST - Reset, PIN 10.
When reset is low, the filters and modulators are held in reset.

DS81PP2 217
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TST1, TST2 - Test Inputs, PINS 11, 12.

Allows access to the CS4303 test modes, which are reserved for factory use. Must be tied to
DGND. '

Digital Outputs

XTO - Crystal Oscillator Output, PIN 1.
When a crystal oscillator is used, it is tied between this pin and XTI. When an external clock is
input, this pin should be left floating.

DOL+, DOL- - Digital Left Channel Output, PINS 3, 4.
Differential digital output data for the left channel.

DOR+, DOR- - Digital Right Channel Output, PINS 26, 25.
Differential digital output data for the right channel.

2-18 DS81PP2



Semiconductor Corporation

CDB4303

Evaluation Board for CS4303

Features

® Demonstrates techniques used to
achieve 104 dB Dynamic Range and
fullscale THD+N > 101 dB.

® CS8412 Receives AES/EBU, S/PDIF,
& EIAJ-340 Compatible Digital Audio

® Digital and Analog Patch Areas
@ Requires only a digital signal source

and power supplies for a complete
Digital-to-Analog-Converter system

General Description

The CDB4303 evaluation board is an exceilent means
for quickly evaluating of the CS4303 18-bit, stereo D/A
converter. The board is configured to accept digital
audio data via coax or optical interfaces. Analog out-
puts are provided via RCA connectors for both
channels. Evaluation requires an analog signal ana-
lyzer, a digital signal source, and a power supply.

The CDB4303 includes optocouplers, clock jitter at-
tenuator, off-chip 1-bit latch, analog filtering and a
CS8412 digital audio receiver I.C. The CS8412 pro-
vides the system timing necessary to operate the
CS4303 and will accept AES/EBU, S/PDIF, and EIAJ-
340 compatible audio data.

ORDERING INFORMATION: CDB4303

Block Diagram

0C
> C lers|—
ouplers Attenuator
Right
R+ " Output | Lilr?e
AES/EBU - A |, Filter out
s/& é g CS8412 [ CS4303 Latches Left
PDIF ] L L
h + Oulput »o Line
Optical L- —» Filter Out
Input
oV +5V 12V 0V 412V
Crystal Semiconductor Corporation MAY ’'93
P.O. Box 17847, Austin, TX 78760 Copyright © Crysial Semiconductor Corporation 1952 DS81DB2
(512) 445 7222 Fax: (512) 445 7581 (All Rights Reserved) 2-19
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CS4303 Audio DAC

The CDB4303 is an example application of the
CS4303 which includcs’ optocouplers, a Phase
Lock Loop / VCXO and external latches. These

techniques allow for maximum

CDB4303

A description of the CS4303 including the func-

isolation and

control of potential error mechanisms. C6, U4 and SW2.
sw2 6
01pF V4B uac
T T
L3 17 21T 10 1T 1] 12 =
47 pH —
| 5|SCKO DZF RST XTO  TST1 TST2 2
C2 0.1pF 25 0,
W : . VA1 DOR- - DOR-
C3 . 0.1pF ¢4 VA2
11423
C4. 0.1pF | VA3
e 27
C5 0.1pF I VD2
— 13 VD1
c33 % c1 o
1.0 4F —L 0.1 pF 26
= 22 | AGNDT DOR+ [ DOR+
& | AGND2
16| AGND3
5 | DGNDT ut
L | DGND2 CS4303
" 28
MCLK >———— XTI
. 4
DOL- (—— > DOL-
N FSYNC >———2°~ LRCK
3
0
2 19
§ sclk >——Bick
w
SDATA >———1£ SDATAI 3
{ DOL+ [——— > DOL+
CKS DIF1 _DIFO MUTE

Figure 1. CS4303 DAC Connections

To Optocouplers

tions .of CKS, MUTE, DIFO and DIF1 are
~discussed in the CS4303 data sheet. The recom-
mended jumper positions for the evaluation
board are listed in Table 2. A power-up and user
activated reset circuit is provided by D11, R7,

2-20
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CDB4303

VD+ VD2+ VD+
VD+ L6 L1
—E SW1 vV 470H 1
Error Information -1 2
Channel Status - U4A 1 co ;
= 74HC14 T L T
VD+ R
RP1
VD, 7PinSIP 16 122
..... SEL VA+
: CO/EO
' Ca/E1
: <¥Dg 10
B S 2l
. Cb/E2 20
‘ U FILT A = ci2
. 5 TD7 4 15 0.047 uF
‘ 2 3 8 |cerro u2 CBL %0 ™ Y
. . ERF [5>0 1p
. ~¥pg 12 Ccs8412 c L1 5 ™
: Cd/F1 U %g_o P
=0
T\', D10 2 07 VERF TP
v Qﬁr us core MCLK 1 MCLK
D =
T 74HCO4
13 M, FSYNC
J12 CSLR/FCK FSYNC 3
R %
L (]
B 12 2
P2 sCLK 2———— SCLK e
Digital . 10
111 4 COAX
ot 1:1 RXN
' 5 1100 126, SDATA
. SDATA
g O:‘:—% ~—1Rxp g
=08 [—‘ AGND _ DGND
Schott Cc43 Optical 21 8
67129600 001pF | = =

Shimadzu HK-3131-01

0.01 uF
6 1 O'——I
Optical Y 207 cro VD2+
Input Y 30— L4
s 40__—|T— 47 pH
,;_ .

Figure 2. CS8412 Digital Audio Receiver Connections

CS8412 Digital Audio Receiver The operation of the CS8412 is covered in detail
in the CS8412 data sheet and includes a descrip-

The system receives and decodes standard tion of the AES/EBU and S/PDIF hardware and

AES/EBU and S/PDIF data formats using a
CS8412 Digital Audio Receiver as shown in Fig-
ure 2. The data input circuit can be configured to
accept either professional or consumer modes via
coax or optical means. The outputs of the
CS8412 include a serial bit clock, serial data, a
word clock and a 256Fs master clock

data formats. Refer to Table 2 for the CDB4303
jumper options for the CS8412. The circuit is
factory configured for AES/EBU and can be
modified for S/PDIF by substltutmg a 75 ohm
resistor for R8.

DS81DB2
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CDB4303

The LEDs, D4-D8 and D10, perform two func-
tions. When S1 is in the Channel Status position,
the LEDs display the channel status information
for the channel selected by J12. The channel
status information is explained in the CS8412
data sheet.

When S1 is in the Error Information position,
the LEDs D4-D6, display encoded error informa-
tion that can be decoded by consulting the
CS8412 data sheet. Encoded sample frequency
information is displayed on LEDs D7,D8 and
D10 provided a proper clock is being applied to
the FCK pin of the CS8412. When an LED is
lit, this indicates a "1" on the corresponding pin
located on the CS8412. When an LED is off,
this indicates a "0" on the corresponding pin.
Neither the L or R option of J12 should be se-
lected if the FCK pin is being driven by a clock
signal.

Optocouplers

Optocouplers provide effective isolation between
the analog circuitry and digital circuit noise, Fig-
ure 3. Hewlett-Packard HCPL-7101 optocouplers
were chosen since they have built in CMOS in-
put buffers and operate at 40MHz. The high
output slew rate of the optocouplers yields mini-
mum corruption of the signal edges and low
jitter on the clock. The input side of the optocou-
plers is well decoupled, since the LED’s create
significant current spikes. The output side of the
optocouplers is referenced to analog ground and
the data optocouplers are powered with a sepa-
rate +5V power regulator, U16. A large physical
gap between the pins of each side of the opto-
coupler package was maintained on the circuit
board to ensure maximum digital to analog isola-
tion.

1-Bit Latch
The external CMOS latch, Figure 3, used to time

the data is a 74AC11074 from Texas Instru-
ments. This dual D-type flip-flop was chosen

because of its center power and ground connec-
tions, which reduce internal inductances and the
possibility of the supplies being modulated by
the output signal. The device also has a high out-
put drive capability which allows minimizing the
input impedance of the analog filter for noise
considerations. '

The power supplies to the latch are the voltage
references for the 1-bit data. Each latch is pow-

~ered from a separate +5V regulator, Ul4 and

U15, to decrease interaction between channels
and minimize noise. Extreme care was taken to
optimize the supply decoupling with high fre-
quency capacitors positioned very close to the
supply and ground pins.

Proper latch supply decoupling is also important
to minimize distortion. The one’s density of the
data produces variations in the latch power sup-
ply loading. Modulation of the latch supply
voltage by the 1-bit data is effectively multiply-
ing the signal by itself, which produces 2nd
harmonic distortion.

There are significant advantages in the use of a
dual flip-flop. Due to the differential nature of
the DAC output, it is possible to minimize ther-
mal gradients within the latch and improve
distortion performance. This can be accom-
plished by using a separate dual latch for each
channel.

The latch clock rising edge is timed so that the
set-up and hold time requirements for the data
inputs are met with a generous margin.

Clock Jitter Attenuator / VCXO

Clock jitter can originate from the original
AES/EBU signal, the VCO in the CS8412, and
from the optocouplers. To reduce the clock jitter
as much as possible prior to the latch, a Phase
Lock Loop (PLL) is used as a jitter attenuator.
Figure 4 shows the schematic of the latch clock
generator/jitter attenuator. The PLL consists of a

2-22
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Figure 3. Optocouplers and Latch Circuitry

phase detector, a voltage controlled crystal oscil-
lator and a loop filter.

The phase detector was implemented using an
74AC11086 exclusive or gate. This phase detec-
tor introduces a 90 degree phase shift, which
results in the correct timing of the output clock
for the latch. The phase detector is also inher-
ently free from hysteresis, which improves jitter
performance.

The requirement for a low jitter clock led to the
choice of a voltage controlled crystal oscillator

(VCXO). The VCXO has a limited frequency
range and a substitution is required for changes
in sample rate. The CDB4303 includes a 11.2896
MHz VCXO for a 44.1 kHz sample rate and
and a 12.288 MHz VCXO for a 48 kHz sample
rate. The VC7025 VCXO can be obtained from
RALTRON (phone number 305-593-6033).

Power for the phase detector and VCXO must be
very clean in order to avoid output clock jitter.
An independent +5V regulator, U16, for the
VCXO and phase detector ensures a minimum
amount of coupling between the VCXO/phase

DS81DB2
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Figure 4. Clock Jitter Attenuator / VCXO

detector and the remaining circuitry via the sup-
ply. The layout of the PLL is such that the loop
filter is close to the VCXO. This minimizes the
possibility of induced noise into the control pin
on the VCXO.

Analog Filter -
The circuit of Figure 5 is a 5-pole Butterworth

modified to realize a 6-pole response. A com-
plete discussion of the circuit including

frequency and group delay plots is included in
the CS4303 data sheet.

Power Supply Circuitry

Figure 6 shows the evaluation board power sup-
ply block diagram. Power is supplied to the
evaluation board by five binding posts. The 5 V
analog power supply inputs are derived from
12 V using the voltage regulators Ul4 - Ul7.
The +5 V digital supply for the converter and the

cs (52)
|
1
680pF 21k
121k 121k R18 (33) A
R- R22 (37) 4
L) R13(29) |R16(31) |, [~562 iy
=1 ol 21k 1050 22nF p
. 6 6 AAN—8—AANA I} 820pF
+ R20 (35) | R21 (36) C37 (54)
U1 (22) 2 C51(57)
C34 (38) C29(32). | 6
3.3nF 3.3nF
! Res (41) | P27 (42) VOUTR
U19(23) OUTL
a[} U20 (24) C50 (56) | 18nF (vouTL)
¢ P28 (ss) R24 (39) 21 (25) .
- 20 2, 1k 1050 €39 (55)
121k | 121k 5.62k 29k T ponF ;
R+ MW R25 (40) * Right channel shown. Parenthetical identifiers designate
(L+) R14(30) R17(32) R19(34) left channel components and signals.
680pF
i
C36 (53) U18-U25 = Burr-Brown OPA627

Figure 5. 6-Pole Analog Filter
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Figure 6. Power Supply

discrete logic on the board is provided by the
+5 V and DGND binding posts. D1, D2, and
D3 are transient suppressors which also provide
protection from incorrectly connected power
supply leads. The evaluation board intentionally
isolates the analog and digital ground planes.
The digital and analog grounds should not be
joined at the power supply.

Evaluation of the CDB4303

The DAC system can be evaluated by connec-
tion to any digital audio source via either the
AES/EBU or S/PDIF interface. This includes a
CDB5326/7/8/9, CDB5336/8/9 or CDB5389
Analog-to-Digital-Converter evaluation board as
well as a CD or DAT digital output.

The CDB4303 jumpers should be set to the fac-
tory default setting of Table 2. The VCXO must
be selected for the appropriate system sample
frequency.

Evaluation using the CDB5326/7/8/9 or
CDB5336/8/9 as a signal source

An analog input of * 3.68 V will produce a full
scale digital output from the CS5336/7/9 and the
CS5326/7/8/9. A full scale digital input to the
CS4303 will produce a full scale output of
+ 2.8V resulting in an overall loss of approxi-
mately 2.3 dB from input to output.

Interconnection requires the power supply con-
nections and a shielded twisted pair cable (or
optical cable) connecting the digital outputs from
the ADC evaluation board to the digital inputs
on the CDB4303. It is recommended that the
power connections for each board are brought
directly from the power supply and not in a
"daisy-chain" manner from board to board.

References:

"An 18-Bit Delta-Sigma D/A Processor System
Achieving Full-scale THD+N > 100dB" by
Steven Green and Steven Harris presented at the
93rd Audio Engineering Society Convention.
Preprints are available from the AES and Crystal
Semiconductor.

DS81DB2
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CONNECTOR INPUT/OUTPUT SIGNAL PRESENT
+12 ' input +12 Volts from power supply for analog section :
12 ‘ . input -12 Volts from power supply‘for analog section
AGND ' | . input analog ground connection from power supply
+5 o ; input +5 Volts from power supply for d‘igital section
DGND input digital ground connection from power supply
OuUTL output left channel analog output »
OUTR - . output right channel analog dutput »
OPTICAL INPUT ) input digital audio interface optical input
DIGITAL INPUT input digital audio interface coax input

Table 1. System Connections

JUMPER | ) PURPOSE v | POSITION FUNCTION SELECTED
J12 ' selects channel for CS8412 L 8 o
) channel status information R See CS8412 data sheet for details -
o COAX activates the coax input
JP2 selects digital audio input source
C : OPTI activates the optical input
MO *Low
' L M1 *Low ‘ N
Js, J9 CS8412 mode select : k See CS8412 data sheet for details
. v M2 *Low : ol .
M3 *Low
. » DIFO *Low ,
J2,J5 CS4303 mode select : See CS4303 data sheet for details
: DIF1 *High ) B
*Low selects 256Fs master clock
J2 CS4303 clock select CKS : : ’
High -selects 384Fs master clock
. » *High Mute function is active
5 MUTE o Low disables Mute function

* Default setting from factory .
Table 2. Jumper Selectable Options

2-26 DsS81DB2



caaissa

l2e

IPIS UAADS YIS 'q A €0EPAUD "L 31

cE/F2
co/F1
cc/Fo
c8/E2
cazer
co/e0
R '

OPTICAL
INPUT

% |lo u2e
DIGITAL oo
INPUT

vz

0100,

+5V®DGN » @AGN +12V®
u 02
I

c47
7 us

CRYSTAL

Semiconductor Corporation

SMART Analog

@ Evaluation Board

CDB4303 )

=12y,

ouTL

m

€0€Y9Aad



y J yrr J J /14 . :
-S> © . CDB4303

PCB4303 REV-B

0 00000 O
9000 ©
0900802080 ‘:'o 30 o 0:" -080
o .
@ omo:: @

) DX o o JOO 800 _ OEOI- R
oo BF BF FF w0 ¥ S

Figure 8. CDB4303 Rev. B. Component Side

2-28 DS81DB2







r  JZ. . yrr J 2 114 )
-5y CDB4303

e Notes o

2-30 DS81DB2



Semiconductor Corporation

CS4328

18-Bit, Stereo D/A Converter for Digital Audio

Features

® Complete Stereo DAC System
8x Interpolation Filter
64x Delta-Sigma DAC
Analog Post Filter

@ Adjustable System Sampling Rates
including 32kHz, 44.1kHz & 48kHz

® 120 dB Signal-to-Noise Ratio
® Low Clock Jitter Sensitivity

® Completely Filtered Line-Level Outputs
Linear Phase Filtering
Zero Phase Error Between Channels
No External Components Needed

® Flexible Serial Interface for Either 16

General Description

The CS4328 is a complete stereo digital-to-analog out-
put system. In addition to the traditional D/A function,
the CS4328 includes an 8x digital interpolation filter fol-
lowed by a 64x oversampled delta-sigma modulator.
The modulator output controls the reference voltage in-
put to an ultra-linear analog low-pass filter. This
architecture allows for infinite adjustment of sample
rate between 1 kHz and 50 kHz while maintaining lin-
ear phase response simply by changing the master
clock frequency.

The CS4328 also includes an extremely flexible serial
port utilizing two select pins to support four different
interface modes.

The master clock can be either 256 or 384 times the
input word rate, supporting various audio environ-
ments.

ORDERING INFORMATION:

or 18 bit Input Data CS4328-KP 0to 70 °C 28-pin Plastic DIP
CS4328-KS 0to 70 °C 28-pin Plastic SOIC
CS4328-BP -40 to +85 °C 28-pin Plastic DIP
CS4328-BS -40 to +85 °C 28-pin Plastic SOIC
CDB4328 CS4328 Evaluation Board
DIFO  DIF1 VD+ DGND AGND1 VA-  VA+
. _11_3_ . 11_2 _______ e Tz .. KRR
20" '
BICK )18, Interface .
SDATAI . ¥ .
. ax Delta-Sigma Analog MOSFET | |,
' Interpolator Modulator DAC = Low-Pass —» Output AOUTL
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ANALOG CHARACTERISTICS (1a = 25°C for K grade, Ta =-40to +85 °C for B grade; VA+,VD+
= 5V; VA-=-5V; Logic "1" = VD+; Logic "0" = DGND; Full-Scale Output Sinewave, 991 Hz; Input Word Rate =
48 kHz; Input Data = 18 Bits; BICK = 3.072 MHz; RL = 10kQ; Measurement Bandwidth is 10 Hz to 20 kHz, un-

Parameter* CS4328-K CS4328-B
Symbol | Min Typ Max | Min Typ Max | Units
Specified Temperature Range Ta 0 +70 -40 +85 °C
Resolution 16 - - 16 - - Bits
Dynamic Performance )
Signal-to-Noise Ratio (A-weighted) (Note 1) SNR 120 - - 120 - - dB
Total Harmonic Distortion + Noise (A-Weighted)] THD+N .
0 dB Output, - -93 -90 - -88 -85 dB
-20 dB Output, - -77 -73 - -75 -70 dB
-60 dB Output, - -37 -33 - -35 -30 dB
Deviation From Linear Phase (Note 2) - - +0.5 - - +05 - deg
Passband: to -3 dB corner (Notes 3, 4) - 0 to 23.5 0 to 23.5 \ kHz
to 0.00025 dB corner (Notes 3, 4) 0 to 21.6 0 to 21.6 kHz
Frequency Response 10 Hz to 20 kHz (Note 2) - -0.05  +0.1 +0.2 | -0.05  +0.1 " +0.2. dB
Passband Ripple (Note 4) - - - 0.00025 - - 0.00025| dB
StopBand (Note 3) - 26.4 - - 26.4 - - kHz .
StopBand Attenuation (Note 2) - 90 - - 90 - - dB
Group Delay (IWR = Input Word Rate) tgd - 33/IWR - - 33/IWR - s
Interchannel Isolation (1 kHz) - -100 -110 - -95 -105 - dB
dc Accuracy
Interchannel Gain Mismatch - - 0.1 - - 0.1 - dB
Gain Error - - - +5 - - +5 %
Gain Drift - - 150 - - 150 - ppm/°C
Offset Error (after calibration) - - - +1 - - +1 mV
Analog Output
Full Scale Output Voltage | vour |38 40 42 |38 40 42 | vpp
Power Supplies
Power Supply Current:  VA+ 1A+ - 40 55 - 40 55 mA
VA- IA- - -40 -55 - -40 -55 mA
VD+ ID+ - 50 60 - 50 60 mA
Power Dissipation ) - - 650 850 - 650 850 mwW
Power Supply Rejection Ratio (1 kHz) PSRR - 50 - - 50 - dB

Notes: 1. Idle channel, digital input all zeros.

2. Combined digital and analog filter characteristics.
3. The passband and stopband edges scale with frequency. For input word rates, IWR, other than
48 kHz, the 0.00025 dB passband edge is 0.45xIWR and the stopband edge is 0.55xIWR.

4. Digital filter characteristics.

* Definitions are at the end of this data sheet.

Specifications are s‘ubject to change without notice.
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DIGITAL CHARACTERISTICS
(TA = 25 °C; VA+ VD+ = 5V + 5%; VA- = -5V & 5%)

Parameter Symbol Min Typ Max Units
High-Level Input Voltage VIH 70%VD+ - - \
Low-Level Input Voltage ViL - - 30%VD+ \
High-Level Output Voltage at lo = -20uA Vou 4.4 - - \
Low-Level Output Voltage at lo = 20pA VoL - - 0.1 \
Input Leakage Current (Note 5) lin - - 1.0 HA

Note: 5. TST, DIFO & DIF1 have internal pull-down devices, nominally 90kQ.

ABSOLUTE MAXIMUM RATINGS (AGND1-3, DGND = 0V, all voltages with respect to ground.)

Parameter Symbol Min Max Units

DC Power Supplies: Positive Digital VD+ -0.3 6.0 \

Positive Analog VA+ -0.3 6.0 \"

Negative Analog VA- 0.3 -6.0 \

IVA+ - VD+l - 0.4 \
Input Current, Any Pin Except Supplies lin - +10 mA
Digital Input Voltage VIND -0.3 (VD+)+0.4 \
Ambient Operating Temperature (power applied) Ta -55 125 °C
Storage Temperature Tstg -65 150 °C

WARNING: Operation at or beyond these limits may result in permanent damage to the device
Normal operation is not guaranteed at these extremes.

RECOMMENDED OPERATING CONDITIONS
(AGND1, AGND2, AGND3, DGND = 0V; all voltages with respect to ground)

Parameter Symbol | Min Typ Max Units
DC Power Supplies: Positive Digital VD+ ! 4.75 5.0 5.25 \
Positive Analog VA+ 4.75 5.0 5.25 \%
Negative Analog VA- -4.75 -5.0 -5.25 \
IVA+ - VD+| - - 0.4 "
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SWITCHING CHARACTERISTICS
(Ta=25°C; VA+, VD+ =5V +5%; VA-=-5V +5%; Inputs: Logic 0 = OV, Logic 1 = VD+, CL = 20 pF)

Parameter Symbol Min Typ Max - | Units

Master Clock Frequency using Internal Oscillator:

CKSs=H XTI/XTO 10.7 - 19.2 MHz

CKS=L - 71 - 13.9 MHz
Master Clock Frequency using External Clock: ‘

CKS=H XTI/XTO 0.384 - 19.2 MHz

CKS=L - 0.256 - 13.9 MHz
XTI/XTO Pulse Width Low - 21 - - ns
XTI/XTO Pulse Width High - 21 - - ns
BICK Pulse Width Low thick! 30 - - ns
BICK Pulse Width High ’ |- tbickh 30 - - ns
BICK Period thickw 80 - - ns
BICK‘ﬁsing to LRCK edge delay (Note 6) toird 35 - - ns
BICK rising to LRCK edge setup time (Note 6) thirs 35 - - ns
SDATAI valid to BICK rising setup time (Note 6) tsbs 35 - - ns
BICK rising to SDATAI hold time ) (Note 6) thsh 35 - - ns
RST Minimum Pulse Width Low 2 periods of XTI/XTO

Note: 6. "BICK rising" refers to modes 0, 1, and 3. For mode 2, replace "BICK rising" with "BICK falling."

LRCK } | LRCK } |
p— thirs I > tpirs

tpi . | thi
third lL_" | tbickl bickh . third |L_~" | thickl bickh
BICK BICK
| I | | | | | |
tgps k——*Itbsh tops k—1tbsh

own ¥ L ) e f e fuesr )

Serial Input Timing (Modes 0, 1, &3) Serial Input Timing (Mode 2)
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Figure 1. Typical Connection Diagram
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CS4328

GENERAL DESCRIPTION

The CS4328 is a complete stereo digital-to-ana-
log system designed for digital audio. The
system accepts data at standard audio frequen-
cies, such as 48 kHz, 44.1 kHz, and 32 kHz; and
produces line-level outputs.

The architecture includes an 8x oversampling fil-
ter followed by a 64x oversampled one-bit
delta-sigma modulator. The output from the one
bit modulator controls the polarity of a reference
voltage which is then passed through an ultra-
linear analog low-pass filter. The result is
line-level outputs with no need for further filter-
ing.

SYSTEM DESIGN

Very few external components are required to
support the DAC. Normal power supply decou-
pling components and voltage reference bypass
capacitors are all that’s required.

System Clock Input

The master clock (XTI/XTO) input to the DAC
is used to operate the digital interpolation filter
and the delta-sigma modulator. The master clock
can be either a crystal placed across the XTI and
XTO pins, or an external clock input to the XTI
pin with the XTO pin left floating.

The frequency of XTI/XTO is determined by the
desired Input Word Rate, IWR, and the setting of
the Clock Select pin, CKS. IWR is the frequency
at which words for each channel are input to the
DAC and is equal to LRCK frequency. Setting
CKS low selects an XTI/XTO frequency of
256x IWR while setting CKS high selects
384x IWR. The ACKO pin will always be
128x IWR and is used by the analog low-pass
smoothing filter. Table 1 illustrates various audio
word rates and corresponding frequencies used
in the DAC.

LRCK CKs XTUXTO ACKO
(kHz) (MHz) (MHz)
32 low 8.192 4,096
32 high 12.288 4.096
44.1 low 11.2896 5.6448
44.1 high 16.9344 5.6448
48 low 12.288 6.144
48 high 18.432 6.144

Table 1. Common Clock Frequencies

The remaining system clocks, LRCK and BICK,
must be synchronously derived from XTI/XTO.
If the CS4328 internal oscillator is used, the cir-
cuit must be configured and XTO buffered as
shown in Figure 1. XTI/XTO can be divided to
produce LRCK and BICK using a synchronous
counter such as 74HC590. Notice that the value
of the capacitor on XTO is 10 pF and the XTI
capacitor is 15 pF, which allows for 5 pF of gate
and stray capacitance.

It is also possible to divide ACKO, 128x IWR,
to derive BICK and LRCK. However, external
circuitry must be used to apply a "kick-start"
pulse to LRCK in order to activate ACKO. The
sequence for the cancellation of RESET, begin-
ning of calibration and activation of ACKO is
shown in Figure 2 with the required transitions
indicated by arrows. A momentary loss of
XTU/XTO or power will require a "kick-start"
pulse to resume operation.

Serial Data Interface -

Data is input to the CS4328 via three serial input
pins; SDATALI is the serial data input, BICK is
the serial data clock and LRCK defines the chan-
nel and delineation of data. The DAC supports
four serial data formats which are selected via
the digital input format pins DIFO and DIF1. The
different formats control the relationship of
LRCK to SDATAI and the edge of BICK used to

2-36

DS62F3



CS4328

N

«

)

RST 40 ns 40 ns
minimum minimum $|
LRCK (6
"Kickstart" L

)]

ACKoO

Reset Status

L

Exit Reset

LI

Figure 2. RESET Cancellation Timing

latch data. Table 2 lists the four formats, along
with the associated figure number. Format O is
compatible with existing 16-bit D/A converters
and digital filters. Format 1 is an 18-bit version
of format 0. Format 2 is similar to Crystal ADCs
and many DSP serial ports. Format 3 is compat-
ible with the IS serial data protocol. Formats 2
and 3 support 18-bit input or 16-bit followed by
two zeros. In all four serial input modes, the se-
rial data is MSB-first and 2’s-complement
format.

Formats 0, 2 and 3 will operate with 16-bit data
and 16 BICK pulses as well. See Figure 6 for
16-bit timing. However, the use of
BICK = 64x IWR is recommended to minimize
the possibility of performance degradation result-
ing from BICK coupling into VREF-.

DIF1 DIFO Mode Figure
0 0 0 3
0 1 1 3
1 0 2 4
1 1 3 5

Table 2. Digital Input Formats

Reset and Offset Calibration

RST is an active low signal that resets the digital
filter and the delta-sigma modulator, synchro-
nizes LRCK with internal control signals and
starts an offset calibration cycle upon exiting re-
set. When RST goes low, CALO goes high and
stays high until the end of an offset calibration
cycle. An offset calibration cycle takes 1024
IWR cycles to complete. CALO must be con-
nected to CALI and CMPO must be connected
to CMPI for offset calibration. During an offset
calibration the analog output is forced to zero.

Power-Up Considerations

Upon initial application of power to the DAC,
offset calibration and digital filter registers will
be indeterminate. RST should be low during
power-up to activate an internal mute and pre-
vent this erroneous information from being
output from the DAC. Bringing RST high will
begin a calibration cycle and initialize these reg-
isters.

Muting

There are two types of mutes that can be imple-
mented with the CS4328. The first is a -50 dB

DS62F3
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Figure 3. Digital Input Formats 0 & 1
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Figure 7. -50dB Muting

mute which can be activated by forcing the
CALI pin high. Figure 7 shows how to imple-
ment a -50 dB mute using an OR gate. The
propagation of the gate will be the only delay in
moving the CS4328 to a muted state.

cs4328 |

Figure 8. -120 dB Muting

The second mute option is a two stage operation
which involves forcing SDATAI to 0 using an
AND gate as shown in Figure 8. The first mute
occurs following 33 LRCK cycles when the O
input data propagates to the output of the DAC.
The rms noise present at the output will typically
be 93 dB below fullscale. Following a total of
4096 LRCK cycles with O input data the output
of the CS4328 will mute and lower the output
rms noise to a minimum of 120 dB below
fullscale. Upon release of the MUTE command
and non-zero input data the CS4328 output mute
will immediately release. However, 33 LRCK
cycles are required for input data to propagate to
the output of the CS4328.

Grounding and Power Supply Decoupling

As with any high resolution converter, the
CS4328 requires careful attention to power sup-
ply and grounding arrangements to optimize
performance. Figure 1 shows the recommended
power arrangements with VA+ connected to a
clean +5 volt supply and VA- connected to a

clean -5 volt supply. VD+, which powers the
digital interpolation filter and delta-sigma modu-
lator, may be powered from the system +5 volt
logic supply. Decoupling capacitors should be
located as near to the CS4328 as possible.

The printed circuit board layout should have
separate analog and digital regions with individ-
val ground planes. The CS4328 should straddle
the ground plane break as shown on the
CDB4328 Evaluation board. Optional jumpers
for connecting these planes should be included
near the DAC, where power is brought on to the
board and near the regulators. All signals, espe-
cially clocks, should be kept away from the
VREF- pin to avoid unwanted coupling into the
CS4328. The VREF- decoupling capacitors, par-
ticularly the 0.1 puF, must be positioned to
minimize the electrical path from VREF- to
Pin 1 AGND and to minimize the path between
VREF- and the capacitors. Extensive use of
ground plane fill on both the analog and digital
sections of the circuit board will yield large re-
ductions in radiated noise effects. An application
note "Layout and Design Rules for Data Con-
verters" is printed in the Application Note
section of this book.

Analog Output and Filtering

Full scale analog output for each channel is typi-
cally 4V peak-to-peak. The analog outputs can
drive load impedances as low as 600Q2 and are
short-circuit protected to 20mA.

The CS4328 analog filter is a S5th order
switched-capacitor filter followed by a second-
order continuous-time  filter. The
switched-capacitor filter is clock dependent and
will scale with the IWR frequency. The continu-
ous-time filter is fixed and not related to IWR. A
low-pass filter consisting of a 51€ resistor and a
.01 pF NPO capacitor is recommended on the
analog outputs.

DS62F3
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Performance Plots

The following collection of CS4328 measure-
ment plots (IWR = 48 kHz) were taken with an
Audio Precision Dual Domain System One. All
FFT plots are 16,384 point.

Figure 9 shows the frequency response with a
48 kHz input word rate. The response is very flat
out to half the input word rate.

Figure 10 shows the muted noise with all zeros
data into the CS4328. This plot is dominated by
the noise floor of the System One.

Figure 11 shows the unmuted noise. This data
was taken by feeding the CS4328 continuous ze-
ros, but pulling CALI low. This unmutes the
output stage of the CS4328. This plot shows the
noise shaping characteristics of the delta-sigma
modulator combined with the analog filter.

Figure 12 shows the A-weighted THD+N vs sig-
nal amplitude for a dithered 1kHz input signal.
Notice that there is no increase in distortion as
the signal level decreases. This indicates very
good low-level linearity, one of the key benefits
of the delta-sigma technique.

Figure 13 shows the fade-to-noise linearity test
result using track 20 of the CBS CD-1. The in-
put test signal is a dithered 500 Hz sine wave
which gradually fades from -60 dB level to -120
dB. During the fading, the output level from the
(CS4328 is measured and compared to the ideal
level. Notice the very close tracking of the out-
put level to the ideal, even at low level inputs of
-90 dB. The gradual shift of the plot away from
zero at signal levels < -100 dB is caused by the
background noise starting to dominate the meas-
urement.

Figure 14 shows the impulse response, taken
from the single positive full scale value on track
17 of the CD-1 test disk. Notice the high degree
of symmetry, indicating good phase linearity.

Figure 15 shows a 16K FFT plot result, with a
1 kHz -90 dB dithered input. Notice the com-
plete lack of distortion components and tones.

Figure 16 shows a bandlimited, 10 Hz to
22 kHz, time domain plot of the CS4328 output
with a 1 kHz, -90 dB dithered input. Notice the
clear residual sine wave shape, in the presence of
noise.

Figure 17 shows the monotonicity test result
plot. The input data to the CS4328 is +1 LSB, -1
LSB four times, then +2 LSB, -2 LSB four times
and so on, until +10 LSB, -10 LSB. This data
pattern is taken from track 21 of the CD-1 test
disk. Notice the increasing staircase envelope,
with no decreasing elements. Notice also the
clear resolution of the LSB. For this test, one
LSB is a 16-bit LSB.

The following tests were done by filtering the
analog output of the CS4328 with the System
One analyzer 1 kHz notch filter to reduce the
peak signal level. The resulting signal was then
amplified and applied to the DSP module, avoid-
ing distortion in the System One A/D converter.

Figure 18 shows a 16K FFT Plot with a 1 kHz,
0 dB input. Notice the low order harmonic dis-
tortion at < -100 dB.

Figure 19 shows a 16K FFT Plot with a 1 kHz,
-10 dB input. Notice the almost complete ab-
sence of distortion, with a small residual 2nd
harmonic at -110 dB.

240

DS62F3



- 71
NSNSy N NN CS4328
[l e e R
CRYSTAL - FRQRSP48 AMPL(dBr) vs GENFRQ(Hz) CRYSTAL THDAM18A THD+N(dBr) vs GENAMP(dBFS)
. -80
20 , , , Lo Ap N . , \ , . Ap
15 Rl B T e
' 84 | - -o - - Ne e a e e - - e e - e e -
1.0 - ‘ .
. -86 - - - . -
0.5 88 o ~ . o N ~
0.0 e
-0.5 -
-1.0 .
15 -
2.0 ’ 4100 L
10 100 1k 10k 30k 100 -90 -80 70 -60 -50 -40 -30 -20 -10 0
Figure 9. Frequency Response (48 kHz word rate) Figure 12. THD+N vs 18-bit Input Signal Level
CRYSTAL NOISE AMP1(dBr) & AMP1(dBr) vs FREQ(kHz) CRYSTAL TR20R BANDPASS(dBr)  vs ‘LEVEL(dBr)
0 . . , . . . . Ap
] R RS EEE P
-40 o, - e e -
e R R SR
-80 -4 - - - - - = L [
00 f S R -
60
0.02 9.82 19.6 294 39.2 49.0 588 686 784 882 980 -120 -110 _ -100 -90 -80 -70 -60
Figure 10. Muted Idle Channel Noise Figure 13. Fade-to-Noise Linearity
CRYSTAL NOISEUNM AMP1(dBr) vs FREQ(kHz) CRYSTAL IMPULSE AMP1(V) vs TIME(usec)
° 2000 . . . . Ap
-20 '
1.583
-40
1.167
-60
-80 0.750
-100
0.333
-120
-0.083
-140
-160 0.500
002 982 196 294 39.2 490 58.8 686 784 882 98.0 0.0

Figure 11. Unmuted Idle Noise ) Figure 14. Impulse Response

DS62F3 2-41



CS4328

Figure 16. 1 kHz, -90 dB Input Time Domain Plot
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THEORY OF OPERATION tiples. The sinx/x zeros completely attenuate

The CS4328 architecture can be considered in
five blocks: Interpolation, sample/hold, delta-
sigma modulation, D/A conversion, and analog
filtering.

Audio data is input to the CS4328 digital inter-
polation filter which removes images of the
input signal that are present at multiples of the
input sample frequency, Fs (Figure 21). Follow-
ing the interpolation stage, the resulting
frequency spectrum has images of the input sig-
nal at multiples of eight times the input sample
frequency, 8x Fs (Figure 22). Eliminating the
images between Fs and 8% Fs greatly relaxes the
requirements of the analog filtering, allowing the
suppression of images while leaving the audio
band of interest unaltered.

“LL LT

24 Fs 2Fs
Figure 21. Input Data Spectram

"0 L1 []

16Fs f (kHz)
Flgure 22, 8X Interpolated Data Spectrum

f (kHz)

The CS4328 interpolation stage is followed by a
sample-and-hold function where the data points
from the interpolator are held for eight (64x Fs)
clock cycles. The resulting frequency response
is a sinx/x characteristic with zeros at 8x Fs mul-

signals at 8% Fs and largely suppress the remain-
ing energy of the images (Figure 23). The 8x
interpolation followed by the 8x sample-and-

0o o

16Fs f (kHz)
Flgure 23. Spectrum After S/H

(dB)

hold results in data at a rate of 64x Fs.

The delta-sigma modulator takes in the 64X Fs
data (3.072 MHz for 48kHz sampled systems)
and performs fifth-order noise shaping. In the
digital modulator of the CS4328, 18-bit audio
data is modulated to a 1-bit, 64x Fs signal. The
Sth-order noise shaper allows 1-bit quantization
to support 18-bit audio processing by suppress-
ing quantization noise in the bandwidth of

f(kHz)

Figure 24. Modulator Output Spectrum

interest. Figure 24 shows the frequency spec-
trum of the modulator output.

The CS4328’s digital modulator is followed by a
D-to-A converter that translates the 1-bit signal
into a series of charge packets. The magnitude
of the charge in each packet is determined by
sampling of a voltage reference onto a switched

DS62F3
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capacitor, where the polarity of each packet is
controlled by the 1-bit signal.” The result is a
1-bit D/A conversion process: that is very insen-
sitive to clock jitter. This is a major
improvement over previous generations of 1-Bit
D/A converters where the magnitude of charge in
the D/A process is determined by switching a
current reference for a period of time defined by
periods of the master clock.

The final stage of the CS4328 is made up of a
5th order switched-capacitor low pass filter and
a 2nd order continuous time filter. The switched-
capacitor filter eliminates out-of-band energy re-
sulting from the noise shaping process
(Figure 25). The switched-capacitor stage scales
with the master clock signal being applied to the

“L
' ) [

24 ° 64Fs  f (kHz)
Figure 25. Spectrum After Switched-Capacitor Filter

(dB) w

24 f (kHz)-

Figure 26. Spectrum After Continuous Time Filter

Confirm Optimum
Schematic & Layout
Before Building Your Board.

For Our Free Review Service
Call Applications Engineering.

Call: (512)445-7222

CS4328. The final stage is a 2nd order continu-
ous time filter that eliminates high frequency
energy that appears at multiples of the 64x Fs
sample rate (Figure 26).

Figures 27-30 are computer simulations of the
combined response of the CS4328 digital and
analog filters with an input word rate of 48 kHz.

Figure 27 shows the individual and combined
phase response of the CS4328 filters. Notice the
digital filter equalization of the analog filter to
produce a linear phase response.

Figures 28-30 are plots of the CS4328 magni-
tude response. .

20
- [
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§ ° | -
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30 ———
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A - e e el
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Frequency (kHz)

Figure 27. Deviation From Linear Phase
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Figure 28. Combined Digital and Analog
Filter Frequency Response
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Figure 29. Combined Digital and Analog
Filter Frequency Response
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PIN DESCRIPTIONS

ANALOG GROUND AGND1 [+ 28 1 VREF- VOLTAGE REFERENCE OUTPUT
ANALOG LEFT CHANNEL OUTPUT AOUTL (]2 27 [7 CALI  CALIBRATION INPUT
ANALOG POWER  VA+ (s 26 [ AOUTR ANALOG RIGHT CHANNEL OUTPUT
ANALOG GROUND AGND2 [+ 2s ] AGND3 ANALOG GROUND
NEGATIVE ANALOG POWER VA- s 2« 7 ACKI  ANALOG CLOCK INPUT
COMPARATOR OUTPUT CMPO (s 2 [1 NC NO CONNECT
NO CONNECT NC [~ 22 1 ACKO ANALOG CLOCK OUTPUT
COMPARATOR INPUT CMPI s 21 [ CALO CALIBRATION OUTPUT
RESET  RST s 20 7 LRCK LEFT/RIGHT CLOCK INPUT
TEST TST [0 19 0 BICK SERIAL BIT CLOCK INPUT
CLOCK SELECT CKS 1 18 ] SDATAI SERIAL DATA INPUT
DIGITAL INPUT FORMAT 1 DIF1 12 17 J DGND DIGITAL GROUND
DIGITAL INPUT FORMAT O DIF0 s 16 ] VD+ DIGITAL POWER
CRYSTAL OR CLOCK INPUT XTI O 15 ] XTO  CRYSTAL OSCILLATOR OQUTPUT

Power Supply Connections
VA+ - Positive Analog Power, PIN 3.
Positive analog supply. Nominally +5 volts.

VA- - Negative Analog Power, PIN 5.
Negative analog supply. Nominally -5 volts.

AGND1, AGND2, AGND3 - Analog Grounds, PINS 1, 4, 25.
Analog ground reference.

VD+ - Positive Digital Power, PIN 16.
Positive supply for the digital section. Nominally +5 volts.

DGND - Digital Ground, PIN 17.
Digital ground for the digital section.

Analog Outputs

VREF- - Voltage Reference Output, PIN 28.
Nominally -3.68 volts. Normally connected to a 0.1uF ceramic capacitor in parallel with a
10uF or larger electrolytic capacitor. Note the negative output polarity.

AOUTL - Analog Left Channel Output, PIN 2.
Analog output for the left channel. Typically 4V peak-to-peak for a full-scale input signal.

AOUTR - Analog Right Channel Output, PIN 26.
Analog output for the right channel. Typically 4V peak-to-peak for a full scale input signal.
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Digital Inputs

XTI - Crystal or Clock Input, PIN 14.
A crystal oscillator can be connected between this pin and XTO, or an external CMOS clock
can be input on XTI. The frequency must be either 256x or 384x the input word rate based on
the clock select pin, CKS.

ACKI - Analog Clock Input, PIN 24.
This is the master clock input for the analog section of the chip and must be 128X the input
word rate. ACKI is typically connected to the Analog Clock Ouput pin, ACKO.

CALI - Calibration Input, PIN 27.
Input to the analog section that is used during offset calibration. Normally connected to the
Calibration Output pin, CALO.

CMPI - Comparator Input, PIN 8
Input to the digital section that is used during offset calibration. Normally connected to the
Comparator Output pin, CMPO.

LRCK - Left/Right Clock, PIN 20.
This input determines which channel is currently being input on the Serial Data Input pin,
SDATAI The format of LRCK is controlled by DIFO and DIFI.

BICK - Serial Bit Input Clock, PIN19.
Clocks the individual bits of the serial data in from the SDATAI pin. The edge used to latch
SDATAL is controlled by DIFO and DIF1.

SDATALI - Serial Data Input, PIN 18.
Two’s complement MSB-first serial data of either 16 or 18 bits is input on this pin. The data is
clocked into the CS4328 via the BICK clock and the channel is determined by the LRCK
clock. The format for the previous two clocks is determined by the Digital Input Format pins,
DIFO and DIF1

DIF0,DIF1 - Digital Input Format, PINS 13, 12
These two pins select one of four formats for the incoming serial data stream. These pins set
the format of the BICK and LRCK clocks with respect to SDATAIL The formats are listed in
Table 2.

CKS - Clock Speed Select, PIN 11.
Selects the clock frequency input on the XTI pin. CKS low selects 256x the input word rate
(LRCK frequency) while CKS high selects 384x.

RST - Reset and Calibrate, PIN 9.
When reset is low the filters and modulators are held in reset. When reset goes high, an offset
calibration is initiated.
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Digital Outputs

XTO - Crystal Oscillator Output, PIN 15.
When a crystal oscillator is used, it is tied between this pin and XTI. When an external clock is
input, this pin should be left floating.

ACKO - Analog Clock Output, PIN 22.

This output is 128x the input word rate (LRCK frequency). Normally connected to the Analog
Clock Input pin, ACKI.

CALO - Calibration Output, PIN 21.
Used during offset calibration. Must be connected to the Calibration Input pin, CALL

CMPO - Comparator Output, PIN 6.
Used during offset calibration. Must be connected to the Comparator Input pin, CMPL

Miscellaneous

NC - No Connection, PINS 7, 23.
These two pins are bonded out to test outputs. They must not be connected to any external
component or any length of PC trace.

TST -Test Input, PIN 10.
Allows access to the CS4328 test modes, which are reserved for factory use. Must be tied to
DGND.
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PARAMETER DEFINITIONS

Total Harmonic Distortion + Noise - The ratio of the rms value of the signal to the rms sum of all
other spectral components over the specified bandwidth (typically 10 Hz to 20 kHz), including
distortion components. Expressed in decibels.

Signal-to-Noise Ratio - The ratio of the full scale rms value of the signal to the rms sum of all other
spectral components over the specified bandwidth with an input of all zeros.

Frequency Response - A measure of the amplitude response variation from 10 Hz to 20 kHz relative
to the amplitude response at 1 kHz. Units in decibels.

Interchannel Isolation - A measure of crosstalk between the left and right channels. Measured for
each channel at the converter’s output with all zeros to the input under test and a full-scale
signal applied to the other channel. Units in decibels.

Interchannel Gain Mismatch - The gain difference between left and right channels. Units in decibels.

Gain Error - The deviation from the nominal full scale analog output for a full scale digital input.

Gain Drift - The change in gain value with temperature. Units in ppm/°C.

Offset Error - The deviation of the mid-scale transition (111...111 to 000...000) from the ideal
(AGND). Units in mV. :
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Semiconductor Corporation

CDB4328

CS4328 Evaluation Board

Features

® Demonstrates recommended layout
and grounding arrangements

® CS4328 Supports multiple input formats

® CS8412 Receives AES/EBU, S/PDIF,
& EIAJ-340 Compatible Digital Audio

® Digital and Analog Patch Areas

® Operation with on-board CS8412 or
externally supplied system timing

General Description

The CDB4328 evaluation board allows fast evaluation
of the CS4328 18-bit, stereo D/A converter. The board
provides an analog output interface via BNC connec-
tors for both channels. Evaluation requires an analog
signal analyzer, a digital signal source, and a power
supply. ‘ -

Also included is a CS8412 digital audio receiver I.C.,
which will accept AES/EBU, S/PDIF, and EIAJ-340
compatible audio data. The CS8412 can provide the
system timing necessary to operate the CS4328.

The evaluation board may also be configured to accept
external timing signals for operation in a user applica-
tion during system development.

ORDERING INFORMATION: CDB4328

Block Diagram

Digital Audio Input

-15V. GND +15V  GND +5V

Digital ? ? Analog
Patch Patch
Area cssat2 Area
Digital
Audio
Receiver Power Supply
Regulation and Conditioning
Error Info/ 6 Timin ACUTR
Channel €7 signal CS4328 @
Status s D/A Converter
elector
o —@ AOUTL
Offset
© O © é Calbration
— Network
L/R SCLK SDATA MCLK
AUG '93 Crystal Semiconductor Corporation
DS62DB2 P.O. Box 17847, Austin, TX 78760
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Power Supply Circuitry

Figure 1 shows the evaluation board power sup-
ply circuitry. Power is supplied to the evaluation
board by five binding posts. The +5 V analog
power supply inputs of the converter are derived
from + 15 V using the voltage regulators U5 and
U6. The +5 V digital supply for the converter
and the discrete logic on the board is provided
by the +5 V and DGND binding posts. D1, D2,
and D3 are transient suppressors which also pro-
vide protection from incorrectly connected
power supply leads. C1-C8 provide general
power supply filtering for the analog supplies.
As shown in Figure 2, C20-C24 provide local-
ized decoupling for the converter VA+ and VA-
pins. Note that C22 is connected between VA-
and VA+ and not VA- and AGND. The evalu-
ation board uses both an analog and a digital
ground plane which are connected at J1. This
ground plane arrangement isolates the board’s
digital logic from the analog circuitry.

Offset Calibration & Reset Circuitry

Figure 1, shows the offset calibration circuit pro-
vided on the evaluation board. Upon power-up,
this circuit provides a pulse on the Digital to
Analog Converter’s RST pin initiating an offset
calibration cycle. Pressing and releasing S2 also
initiates an offset calibration cycle.

Serial Data Interface

Figure 1 shows that there are two options for in-
puting serial data into the CS4328. Serial data
can be provided via the SDATA BNC connector
on the evaluation board. BNC connectors for
SCLK, the serial data input clock, and L/R, the
clock that defines the channel and delineates the
data, are also provided on the evaluation board.
This information can also be provided by the on-
board CS8412. JP3 selects the source of
SDATA, SCLK, and L/R that will be provided to
the converter. JP3 selections are shown in Ta-

ble 1.
us
+15V IN 78L05 OUT VA+
CoM
p2 *+C3 c6 c7
T7 uF _@ 22 uF —|6.47 uF I
AGND © % &j_
c5
o AGND DGND
0.22 uF 0 47 uF
CoM
-15V IN 79L05 OUT
us
D2 = D3 = 1N6276A 1.5KE 5 6, ReT
D1 = P6KE-6V8P from Thomson CS4328
+5V VD+
D13
1N148
DGND (O

;

S2 0.1uF
u7B
CAL c1s } 74HC14

Figure 1. Power Supply and Reset Circuitry
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+5V Analog,

Yo 1 F% 01uF% TXces L VA+
c26 C25 = 16 22 24 |3 $01 qumu
. VD+ ACKO ACKI VA+ AGND1L. C22 :
——NC 37 0.1 uF
23 N VA- -5V Analog,
c 4 ;‘;021 g‘_020 VA-
P AGND2 0.1uF _Z1.0uF
U3, Pin3 TP? 29, Rek _ ;§7 ,
U3, Pin 6 TPT 19 Bick AGNDSr%
U3, Pin 8 ? 18 spaTal 6’
. TPY 14 cMPO
Us, Pin 11 . XTI U1 CMPI E
21
\ CS4328 CALO
5O OO )
TP
L/R SCLK SDATAMCLK AOUTL L2 AGUTL
15 $10 nF NPO
—2.xTO" R
26 B8 (TP ‘
AOUTR : AOUTR
510 - C19_
<10 nF NPO
From o 28 ‘
Reset >—— RST VREF 16 I c17 L
Circuit TST DGND CKS DIFO DIFI :
o 17 3 0.1 qu 10uF£
R11 {
JP2 j 47O
VD+
VD+

Figure 2. CS4328 DAC Connections

The CS4328 supports four serial data input for-
mats. The selection of which is made via the
digital input format pins DIFO and DIF1. The
different formats control the relationship of L/R
to SDATA and the edge of SCLK used to latch
the data. Consult the CS4328 data sheet for an
explanation of the different formats.

Position Input Option Selected
EXT CLK SDATA,SCLK, /R provided
by an external source.
8412 SDATA,SCLK, L/R provided
by the CS8412

Table 1. JP3 Selectable Options

System Timing

The master clock input to the CS4328 can be
provided by several sources. JP3 selects the
source of the master clock that is to be supplied
to the XTI pin of the converter. When EXT
CLK is selected, the master clock is provided by
one of two sources. The 12.288 MHz clock sig-
nal provided by U8 can be used as the master
clock for both the CS4328 and the external sys-
tem that provides the serial data to the board.
The other option is for a master clock that is
synchronized to the external serial data coming
into the board, be used as the master clock for
the CS4328 as well. However, if an external
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master clock is to be used, U8 must be removed
from it’s socket to prevent the two clock signals
from interfering with one another. When 8412 is
selected by JP3, the master clock for the CS4328
is provided by the MCK output of the CS8412.
The CKS pin of the CS4328 can be pulled either
high or low via JP2. This determines whether
the master clock frequency has to be 384X or
256X the input word rate. Consult the CS4328
data sheet for the common master clock frequen-
cies table.

Analog Outputs

The analog outputs are available at 2 BNC con-
nectors labeled AOUTL and AOUTR. RS and
C18 remove the remaining very high frequency
components from the left channel output signal
while R6 and C19 do so for the right channel
output signal.

Digital Audio Standard Interface

Included on the evaluation board is a CS8412
Digital Audio Interface Receiver. This device
can receive and decode data according to the
AES/EBU, S/PDIF, and EIAJ-340 interface
standard. Figure 3 shows the schematic for the
CS8412. The input is coupled to the device
through a transformer that is included on the
board. The input to the device can be config-
ured to accept either professional or consumer
input modes. Consult the CS8412 data sheet
for an explanation of the two input modes.

The LEDs, D4-D8, perform two functions.
When S1 is in the Channel Status position, the
LEDs display the channel status information for
the channel selected by JP1. When S1 is in the
Error Information position, the LEDs D4-D6,
display encoded error information that can be
decoded by consulting the CS8412 data sheet.
Encoded sample frequency information is dis-
played on LEDs D7-D9 provided a proper clock
is being applied to the FCK pin of JP1. When
an LED is lit, this indicates a "1" on the corre-

sponding pin located on the CS8412. When an
LED is off, this indicates a "0" on the corre-
sponding pin. Neither the L or R option should
be selected if the FCK pin of JP1 is being driven
by a clock signal.

Serial Output Interface

The SDATA, SCLK, L/R, and MCLK BNC
connectors can also be used to provide a serial
output interface for the CS8412. With JP3 in the
8412 position, the outputs from the CS8412 can
be brought off the board to an external evalu-
tion system. This data can be configured in one
of seven selectable formats. These formats are
outlined in the CS8412 data sheet.

CDB5336/7/8/9 Interface to CDB4328

Many users find it informative to evaluate a
combined ADC and DAC system connected to-
gether yielding analog input and analog output.
This can be accomplished by interconnecting a
CDB5326/7/8/9 or CDB5336/7/8/9 to a
CDB4328 evaluation board. The following in-
formation contains several techniques to
accomplish this goal. There are two general
points which need to be mentioned. An analog
input of + 3.68 V will produce a full scale digital
output from the CS5336/7/8/9 and the
CS5326/7/8/9. A full scale digital input to the

‘CS4328 will produce a full scale output of £2 V

resulting in an overall loss of approximately
5.2 dB from input to output. Also it is recom-
mended that the power connections for each
board are brought directly from the power sup-
ply and not in a "daisy-chain" manner from
board to board.

Connecting the CDB4328 to the CDB5336/7/8/9
can be accomplished using one of two methods:

DS62DB2
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CDB4328 to CDB5336/7/8/9 - Method 1

This method uses the AES/EBU Digital Audio
Interface which is supported by the CS8402
AES/EBU Transmitter and the CS8412
AES/EBU Receiver. The data and clock infor-
mation is transmitted from the CDB5336/7/8/9
to the CDB4328 via this interface.

CDB4328 Configuration for Method 1

The CS8412 is configured to output data in For-
mat 0 (MO,M1,M2 and M3 low) and the
CDB4328 must be set to receive data in the cor-
responding Format 2 (DIF1 high and DIFO low).
Modify the jumpers located near pins 12 and 13
of the CS4328. Please note that Format O for
the CS8412 corresponds to the Format 2 for the
CS4328. JP2 sets the clock to sample frequency
ratio (CKS) on the CS4328 and is set low for a
ratio of 256.

JP3 selects the source of SDATA, SCLK and
L/R that will be provided to the converter and
should be in the 8412 position to allow the
CDB4328 to access the multiple clocks gener-
ated from the CS8412 and disable the oscillator
Us.

CDB5336/7/8/9 Configuration for Method 1

P4 selects an option to invert the SCLK for the
CS8402 and the parallel interface. The positions
of P4 are labeled and the jumpers should be in
the appropriate position for the ADC being
used. P7 should be set to "internal" to allow the
use of the master clock on the CDB5336/7/8/9.
CMODE is set low for a master clock to sample
rate ratio of 256.

CDB5336/7/8/9 and CDB4328 Interconnection
for Method 1

Interconnection requires the power supply con-
nections and a shielded twisted pair cable
connecting the digital outputs from the

CDB5336/7/8/9 to the digital inputs on the
CDB4328.

CDB4328 to CDB5336/7/8/9 - Method 2

Method 2 of interfacing the CDB5336/7/8/9 and
the CDB4328 requires a direct interface through
the EXTCLKIN, SCLK, SDATA, and L/R BNC
connectors. This technique also requires minor
modifications to the CDB5336/7/8/9.

CDB4328 Configuration for Method 2

The CS4328 is set to accept data in format 3
(DIFO and DIF1 high). JP2 sets the clock to
sample frequency ratio (CKS) on the CS4328
(pin 11) is set low for a ratio of 256.

JP3 selects the source of SDATA, SCLK and
L/R that will be provided to the converter and
should be removed to access the multiple clocks
from the CDB5336/7/8/9 and disable the oscilla-
tor U8.

A left channel input will appear as a right chan-
nel output in this configuration. To correct this
the L/R clock must be inverted prior to the
CS4328 L/R input. This can be implemented by
modifying the CDB4328 as follows: Cut the
trace at the L/R BNC connecter on the
CDB4328. Cut the trace at U7 pin 9. Place a
jumper between U7 pin 9 and the L/R BNC.
Place a jumper between U7 pin 8 and U1 pin 20.

CDB5336/7/8/9 Configuration for Method 2

The CS5336/7/8/9 data output contains 16 bits of
audio data as well as 3 tag bits and a left/right
indicator. These additional bits need to be re-
moved before transmission to the CDB4328.
This can be done by making use of the FSYNC
pulse which frames the audio data bits. This has
been implemented on the CDBS5336/7/8/9 and
can be utilized with a minor modification: cut

DS62DB2
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the trace at the SDATA BNC connector and
place a jumper between the SDATA BNC and
U8 pin 11. CMODE is set LOW for a master
clock of 256 times the sample rate. P7 must
have both the internal and external jumpers in-
stalled. This will route the master clock to the
EXTCLKIN BNC for connection to the
CDB4328 MCLK.

If a CS5336/8 is installed an additional modifi-
cation is required to invert the SCLK prior to
transmission to the CDB4328. This can be im-
plemented as follows: cut the trace at the SCLK
BNC and install a jumper between U7 pin 4 and
the SCLK BNC.

CDB5336/7/8/9 and CDB4328 Interconnection
for Method 2

Shielded coaxial cables with BNC connectors
should be used to make the following connec-
tions: L/R to L/R, SCLK to SCLK, SDATA to
SDATA, EXTCKIN to MCLK. ~

CDB4328 Interfacing to the CDB5326/7/8/9

A method of interfacing the CDB5326/7/8/9 and
the CDB4328 requires a direct interface through
the EXTCLKIN, SCLK, SDATA, and L/R BNC
connectors. This technique requires modifica-
tions to the CDB5326/7/8/9 to derive the proper
clock frequencies. This is done by utilizing a
12.288 MHz clock and supplying a clock to the
CDB5326/7/8/9 at 6.144 MHz.

CDB4328 Configuration

The CS4328 must be set to receive data in for-
mat 2 (DIF1 high and DIFO low). Modify the
jumpers located near pins 12 and 13 of the
CS4328. JP2 sets the clock to sample frequency
ratio (CKS) on the CS4328 and is set low for a
256 ratio. . -

JP3 selects the source of SDATA, SCLK and
L/R that will be provided to the converter and

' CDB4328

should be removed to access the multiple clocks
from the CDB5326/7/8/9. Remove the
12.288 MHz oscillator (U8).

CDB5326/7/8/9 Configuration

Remove the clock source jumper'(P2). Remove
the 6.144 MHz oscillator (U2) and replace with
the 12.288 MHz oscillator from the CDB4328.

Install a divide by 2 function on the
CDB5326/7/8/9 digital patch area. Use a
74HC74 with the D input connected to the Q
output. Connect the oscillator output to the
74HC74 clock input. Connect the Q output to
U1 pin 23.

Position P2 to connect the oscillator output to
the EXTCLKIN.

CDB5326/7/8/9 and CDB4328 Interconnection

Shielded coaxial cables with BNC connectors
should be used to make the following connec-
tions: L/R to L/R, SCLK to SCLK, SDATA to
SDATA, EXTCLKIN to MCLK.
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Semiconductor Corporation

CS4330

8 Pin Stereo D/A Converter for Digital Audio

Features

® Complete Stereo DAC System
Interpolation, D/A, Output Analog
Filtering

® 96 dB Dynamic Range

® 0.003% THD + N

® On-Chip Digital De-emphasis

® Low Clock Jitter Sensitivity

® Single +3 to +5V power Supplies

® Completely Filtered Line Level Outputs
Linear Phase Filtering

General Description

The CS4330 is a complete, stereo digital-to-analog out-
put system in a small 8 pin package. It includes
interpolation, D/A conversion and output analog filter-
ing. The CS4330 is based on delta-sigma modulation
where the modulator output controls the reference volt-
age input to an ultra-linear analog low-pass filter. This
architecture allows for infinite adjustment of sample
rate between 1 kHz and 50 kHz while maintaining lin-
ear phase response simply by changing the master
clock frequency.

The CS4330 contains on-chip digital de-emphasis and
operates from a single +3V to +5V power supply, and
it consumes only 50 mW of power with a 3V power
supply. These features make it ideal for portable CD
players and other portable playback systems.

ORDERING INFORMATION

CS4330-KP 0 to 70°C 8-pin Plastic DIP
CS4330-KS 0 to 70°C 8-pin Plastic SOIC
DEM AGND VA+
LRCK X [ De-i p
Serial Input emphasis l Voltage Reference ‘
SDATAI Interface
Delta-Si Analog
elta-Sigma .
Interpolator Modulator DAC ¥ Low.Pass —»0 AOUTL
Filter
v
Delta-Sigma Analog
Interpolator Modul%tor DAC —» Low.-Pass —>0 AOUTR
Filter
MCLK

Preliminary Product Information

This document contains information for a new product. Crystal
Semiconductor reserves the right to modify this porduct without notice.

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

Copyright © Crystal Semiconductor C tion 1993 SEPT 93
opyrig rystal Semiconductor Corporation
(All Rights Reserved) DS1 36:_ l;:
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ANALOG-TO-DIGITAL CONVERTERS

CS5326/7/8/9 and (CS5336/8/9 Delta-Sigma
Audio A/D Converters

This new class of device features 64X oversam-
pling, using a Delta-Sigma architecture with reso-
~ lutions of 16.or 18-bits. Output word rates can be
from 1 kHz to 50 kHz. These stereo parts have 2
sample and holds, dual Delta-Sigma modulators,
two anti-aliasing and decimation filters, and a
voltage reference, all in a 28-pin package. Per-
formance measurements include 95 dB dynamic
range in stereo mode, up to 100 dB in mono
mode, along with 0.0015% THD.

CS5345 Low Power A/D Converter

The CS5345 is a single chip, 16-bit, stereo A/D
converter requiring only 100mW of power from a
single +5V supply. The part features two analog

delta-sigma modulators, two digital decimation fil- .

ters and a voltage reference in an SOIC package.

CS5349 Single Supply, Stereo A/D Converter
for Digital Audio.

The CS5349 is a complete, 16-bit analog-to-digital
converter for stereo digital audio systems that re-
quire a single +5V supply. Similar to the CS5339,
the CS5349 features 64X oversampling Delta
Sigma conversion with on-chip sample and hold,
filtering and voltage reference in a 28-pin pack-
age.

CS5389 & CS5390 Professional Audio Analog
to Digital Converters

The CS5389 is Crystal’s newest audio A/D con-
verter aimed at the professional audio market.
Dual differential inputs, with special modulator
design, yield a dynamic range of 107 dB. Excel-
lent noise rejection and low idle tones yield a su-
perbly performing A/D Converter.

The CS5390 is pin compatible'with the CS5389,
and offers increased dynamic range and 20-bit
output data words.

Audio A/D Converter Comparison Table

Device CS5326|CS5327| CS5328 | CS5329 | CS5336 |CS5338 |CS5339|CS5349 |CS5389 | CS5390
Number of Bits 16 16 18 18 16 16 16 16 18 20
Dynamic Range (dB) 95 95 100* 100* 95 95 95 90 107 110
SOIC Package - ) v 4 v v - -
Filter Passband (kHz) 0-22 | 020 | 0-22 0-20 020 | 022 | 022 | 0-22 0-22 0-22
Filter Transition Band (kHz) 22-26 | 20-24 | 22-26 | 20-24 | 20-26 | 22-28 | 22-28 | 22-28 | 22-28 22-28
Stop Band Attenuation (dB) -86 -86 -86 -86 -80 -80 -80 -80 -80 -98
Overrange Tag Bits - - - v v v 4

Left/Right Tag Bits v 4 v 4 -

Master Clocking Mode - v v v v v v
SCLK active edge T T T T T T { { d \2
Master Clock Frequency (XFs) 128 128 128 128 | 256/384|256/384 |256/384 |256/384 | 256/384| 256/384
Power Supply Voltages (V) 5 5 5 5 5 5 5 +5 45 5
Operation < 30 kHz : i o

without TEST Mode - v 4 v 4 v 4
Power Consumption mW 450 450 450 450 400 400 " | 400 325 550 550

* In Mono Mode

Al frequencies are with an output word rate of 48 kHz

3-2
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Semiconductor Corporation

CS5326 CS5327
CS5328 CS5329

16 & 18-Bit, Stereo A/D Converters for Digital Audio

Features

® Complete CMOS Stereo A/D System
Delta-Sigma A/D Converters
Di}g_lital Anti-Alias Filtering
S/H Circuitry and Voltage Reference

® Adjustable System Sampling Rates
30 kHz to 50 kHz

® Low Noise and Distortion )
95 dB dynamic range, 16-Bit
97 dB dynamic range, 18-Bit
100 dB dynamic range, 19-Bit Mono
0.0015% THD

® |nternal 64X Oversampling

® Linear Phase Digital Anti-Alias Filtering
0.001dB Passband Ripple
86dB Stopband Rejection

® Low Power Dissipation: 450 mW

General Description

The CS5326, CS5327, CS5328 & CS5329 are complete
analog-to-digital converters for stereo digital audio sys-
tems. They perform sampling, analog-to-digital
conversion and anti-aliasing filtering, generating 16 or
18-bit values for both left and right inputs in serial form.
The output word rate can be up to 50 kHz per channel.

The ADCs use delta-sigma modulation with 64X over-
sampling, followed by digital filtering and decimation,
which removes the need for an external anti-alias filter.

The CS5326 & CS5327 are 16-bit ADCs, achieving
95 dB dynamic range. The CS5328 & CS5329 are 18-bit
ADCs with 97 dB dynamic range in stereo mode and
100 dB dynamic range in mono mode.

The CS5326 & CS5328 have digital filters which are
compatible with CD requirements. The CS5327 &
CS5329 have filters which guarantee no aliasing. The
filters have linear phase, 0.001 dB passband ripple, and
>86 dB stopband rejection.

The ADC'’s are housed in a 0.6" wide 28-pin plastic DIP.

Power-Down Mode for Portable
Appllcatlons ORDERING INFORMATION:  Page 3-23
CLKIN APD ACAL ACLKA  DCLKA SCLK LR
_________ vos. Ve .. ¥7.. Koo . ,;zo,,___“.115__,_114“.
28" : C I
VREF E,erim Output Interface \———N‘s SDATA
AINL D 1
3-St:
ZEROL P Digital Dggi?nation
Filter
Comparator
TST1
Lb 3-Sta TST2
AI.NH + Digital Degﬁnation
ZEROR - Filter r— TST3
A
Comparator| N T NC
, Calibration PR Calibration
AGND ' ' Microcontroller SRAM : NC
£4 45 405 %o4 “”l'g"Lb"iffl%é'iié'
VA+ VA- VL+ LGND DCAL DPD  VD1+ VD2+ DGND
Crystal Semiconductor Corporation MAR ’92
P.O. Box 17847, Austin, TX 78760 DS35F1
(512) 445-7222 FAX: (512) 445-7581 35
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ANALOG CHARACTERISTICS (Ta = 25°C; VA+, VL+VD1+,VD2+ = 5V; VA- = -5V; Full-Scale In-
put Sinewave, 4kHz; CLKIN = 6.144MHz; SCLK = 3.072 MHz; Source Impedance = 50Q with 10 nF to AGND;
Measurement Bandwidth is 10 Hz to 20 kHz; Digital Inputs: Logic 1 = VD+, Logic 0 = DGND; -

unless otherwise specified.)

Specification
Parameter* Symbol min typ max Units
Resolution CS5326, CS5327 16 : - Bits
CS5328, CS5329 18 Bits
Dynamic Performance
Dynamic Range CS5326, CS5327 t927 95.7 dB
CS5328, CS5329 94.7 97.1 dB
(Note 1) Mono (CS5328, CS5329 100.1 dB
Signal-to- C85326, CS5327 90.7 92.7 dB
(Noise + Distortion) CS5328, CS5329 S/(N+D) 92.5 94.5 dB
(Note 1) Mono CS5328, CS5329 97 dB
Total Harmonic Distortion
Vin= + FS THD 0.003 0.0015 %
Vin= -20dB 0.001 %
Interchannel Phase Deviation 0.0001 Degrees
Interchannel Isolation (dc to 20 kHz) 100 106 dB
dc Accuracy
Interchannel Gain Mismatch 0.01 0.05 dB
Gain Error ' + 1 +5 %
Gain Drift 50 ppm/ ° C
Bipolar Offset Error 85326, CS5327 +5 + 15 LSB (16-bit)
(After Calibration) CS5328, CS5329 + 20 + 60 LSB (18-bit)
Analog Input
Input Voltage Range ( + Full Scale) VIN +350 +3.68 Volts
Input Impedance ZIN 65 kQ
Power Supplies
Power Supply Current (VA+) + (VL+) 1A+ 25 35 mA
with APD,DPD low VA- 1A- 25 35 mA
(Normal Operation) (VD14) + (VD2+) ID+ 40 55 mA
Power Supply Current (VA+) + (VL+) 1A+ 10 15 uA
with APD,DPD high VA- IA- 10 15 uA
(Power-Down Mode) (VD1+) + (VD2+) 1D+ 5 7 mA
Power Consumption (APD, DPD Low) PDN 450 625 mw
(APD, DPD High) PDS 25 35 mwW
Power Supply Rejection Ratio (dc to 26 kHz) — 54 dB
(26 kHz to 3.046 MHz) 100 dB

Notes:

* Refer to Parameter Definitions at the end of this data sheet.

Specifications are subject to change without notice.

1. Mono means connecting AINL & AINR together and adding together the output words from each channel.

DS35F1
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DIGITAL FILTER CHARACTERISTICS
(Ta = 25 ° G; VA+, VL+ ,VD1+,VD2+= 5V + 5%; VA- = -5V  5%; CLKIN = 6.144MHz)

Parameter Symbol Min Typ Max Units
Passband  (-3dB) (CS5326, CS5328 0 23.5 kHz
(-3dB) (CS5327, CS5329 0 21.6 kHz
(-0.001 dB) CS5326, CS5328 0 21.8 kHz
(-0.001 dB) CS5327, CS5329 0 20.0 kHz
Passband Ripple 0.001 dB
Stopband CS5326, CS5328 26 3046 kHz
CS5327, CS5329 24 3052 kHz
Stopband Attenuation (Note 2) 86 dB
Group Delay tgd 4274/CLKIN s
Group Delay Variation vs. Frequency atgd 0.0 us

Notes: 2. The analog modulator samples the input at 3.072MHz for a CLKIN of 6.144MHz. There is no rejection
of input signals which are multiples of the sampling frequency (that is: there is no rejection for
n x 3.072MHz +21.8kHz for the CS5326 & CS5328, or n x 3.072MHz +20.0kHz for the
CS5327 & CS5329 , where n =0,1,2,3...).

DIGITAL CHARACTERISTICS
(Ta = 25 °C; VA+, VL+ VD1+,VD2+= 5V + 5%; VA- = -5V + 5%)

Parameter Symbol Min Typ Max Units
High-Level Input Voltage (CLKIN) ViIH (VD+)- 1.0 - - Y,
Low-Level Input Voltage (CLKIN) ViL - - 1.0 v
High-Level Input Voltage (except CLKIN) VIH 70%VD+ - - \Y
Low-Level Input Voltage (except CLKIN) ViL - - 30% VD+ v
High-Level Output Voltage at lo = -20uA VOH 44 - - v
Low-Level Output Voltage at lo = 20uA VoL - - 0.1 \Y
Input Leakage Current lin - 1.0 . uA

RECOMMENDED OPERATING CONDITIONS
(AGND, LGND, DGND = 0V; all voltages with respect to ground)

Parameter Symbol Min Typ Max Units

DC Power Supplies: Positive Digital VD1+,VD2+ 4.75 5.0 5.25 \

Positive Logic VL+ 4.75 5.0 VA+ \"

Positive Analog VA+ 4.75 5.0 5.25 \

Negative Analog VA- —4.75 -5.0 —5.25 \

Analog Input Voltage (Note 3) VAIN -3.68 - 3.68 v
CLKIN Frequency f CLK 3.84 - 6.4 MHz
SCLK Frequency f SCLK f CLK 2 - f CLK Hz
L/R Frequency f LR f ok /128 - f ok /128 Hz

Notes: 3. The ADCs accept input voltages up to the analog supplies (VA+, VA-). They will produce a positive
full-scale output for inputs above 3.68 V and negative full-scale output for inputs below -3.68 V. These
values are subject to the gain error tolerance specification.

DS35F1 3-7




CS5326, CS5327, CS5328, CS5329 .

SWITCHING CHARACTERISTICS

(Ta=25°C; VA+, VL+, VD1+, VD2+ = 5V £ 5%; VA-

-5V £ 5%; Inputs: Logic 0 = 0V, Logic 1 = VD+;

CL =20 pF)
Parameter Symbol Min Typ Max Units

CLKIN Period telkw 155 - 260 ns
CLKIN Low telkl 50 - - ns
CLKIN High teclkh 50 - - ns
CLKIN Rising to ACLKA edge(Note 4) tclka 40 - 100 ns
ACLKA Falling to L/R Edge (Note 4) taclr -140 - 140 ns
CLKIN Rising to L/R Edge  (Note 4)

ACLKA to CLKIN phase correct telr -10 - 170 ns

ACLKA to CLKIN phase unknown -10 - 30
SCLK Pulse Width Low tsclkl 60 - - ns
SCLK Pulse Width High tsclkh 60 - - ns
SCLK Period tsclkw 155 - - ns
SCLK Rising to SDATA Valid tdss - - 45 ns
L/R edge to MSB Valid tirdss - - 50 ns
SCLK Rising to L/R edge tsclkir -40 - 40 ns
DPD, APD pulse width tpd 150 - - ns
CLKIN Falling to APD Falling tapdclk -30 - 30 ns

Notes: 4. It is recommended that L/R be generated by dividing ACLKA by 64.

If CLKIN is used to generate L/R,

a longer CLKIN to L/R delay may be tolerated if the phase of ACLKA is determined through the use of
the APD pin. When high, the APD pin resets the divide-by-two circuit that generates ACLKA from
CLKIN (that is, ACLKA is reset to "0"). APD should be brought low on a falling edge of CLKIN.

This falling edge should be chosen such that L/R edges nominally occur at ACLKA falling edges.

ABSOLUTE MAXIMUM RATINGS (AGND, LGND, DGND = 0V, all voltages with respect to ground.)

Parameter Symbol Min Max Units
DC Power Supplies: Positive Analog VA+ -0.3 +6.0 v
Negative Analog VA- +0.3 -6.0 \
Positive Logic VL+ -0.3 (VA+) + 0.3 Vv
Positive Digital VD1+,VD2+ -0.3 +6.0 \%

Input Current, Any Pin Except Supplies i - + 10 mA
Analog Input Voltage (AIN and ZERO pins) Vina (VA-)-0.3 (VA+)+ 0.3 Vv
Digital Input Voltage Vino -0.3 (VD+) +0.3 \
Ambient Temperature (power applied) Ta -55 +125 °C
L Storage Temperature Tag -65 +150 °C

WARNING: Operation at or beyond these limits may result in permanent damage to the device.
Normal operation is not guaranteed at these extremes.

DS35F1
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'CS5326, CS5327, CS5328, CS5329

GENERAL DESCRIPTION

The CS5326, CS5327, CS5328 and CS5329 are
16 & 18-bit, 2-channel A/D converters designed
specifically for stereo digital audio applications.
The devices use two one-bit delta-sigma modula-
tors which simultaneously sample the analog
input signals at a 64x sampling rate. A three-
stage digital filter then constructs pairs of 16-bit
or 18-bit values. This technique yields nearly
ideal conversion performance independent of in-
put frequency and amplitude. The converters do
not require difficult-to-design or expensive anti-
alias filters, and do not require external

sample-and-hold amplifiers or a voltage refer-
ence.

An on-chip voltage reference provides for an in-
put signal range of +3.68 volts. Any zero offset
can be internally calibrated out during a power-
up self-calibration cycle. Output data is available
in serial form, coded as 2’s complement 16 or
18-bit numbers. Typical power consumption of
only 450 mW can be further reduced by use of
the power-down mode.

For more information on delta-sigma modulation
and the particular implementation inside these

+ . 1 1+
+5V Analog Ferite Bea:1 | orw L Loy
A 1
R 1
61 uF % 0.1 pF 51Q g p
4 25 Tﬂm
VA+ VL+ VD1+ VD2+ APD 6
[ VREF 10 Control
N g‘opfz {;0.1“’: DPD .
ACAL 9
Left Analog Input 2 DCAL
AINL CS5326
X 51Q {; 10 nF CcS5327 03
- Cs5328 CLKIN
Right Analog Input 5 AINR CS5320
Audi
s1a Ve 10nF A/D CONVERTER SDATA |18 padio
Processor
* Optionally, for mono ¥
operation, connect 3 - 14
inputs together and ZEROL LR 15 »
add right and left SCLK . Divider
output words. 26] 7ZEROR
20
1| AGND DCLKA
22
ACLKA +-Ferrite bead may
V4 be omitted, and
SBlne Tsm O VD14, VD2+
12 connected to system
21iNe TST2 +5V logic supply.
TST3 13 An example ferrite
VA+ VA- LGND DGND bead is Permag
i 5 ‘\34 Jlg VK200-2.5/52
-5V Analog - 0.1 uF = = =

1
+g 1 pF

&L

Figure 1. Typical Connection Diagram
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CS5326, CS5327, CS5328, CS5329

UR
(48 kHz)

|

SCLK
(3.072 MHz)

| |

|
JUVJSUULVUY UL

L5B Lss MsB

, g

{6

#— LeftChannel Data —¢— "0's" —»¢— RightChannel Data —¥¢*0's" —*

(85326, CS5327:
CS5328, CS5329:

16 bits
18 bits

16 bits
14 bits

16 bits
14 bits

16 bits
18 bits

Figure 2. Data Output Timing

ADC:s, see the references at the end of this data
sheet.

SYSTEM DESIGN WITH THE CS5326/7/8/9

Very few external components are required to
support the ADC. Normal power supply decou-
pling components, voltage reference bypass
capacitors and a single resistor and capacitor on
each input for anti-aliasing are all that’s required.

Clocks and Data Output Format

All timing and control inputs to the ADC can be
easily generated from a master system clock. This
clock, connected to the CLKIN pin on the device,
must be exactly equal to 128 times the desired
output word rate. Standard digital audio rates are
32kHz, 44.1 kHz and 48 kHz, requiring master
clock rates of 4.096 MHz, 5.6448 MHz and
6.144 MHz, respectively.

The CLKIN signal should be greater than 4 volts
for a logic one and less than 1 volt for a logic
zero. This is to minimize any clock related jitter
in the sampling process, which can smear high
frequency signals. Indeed, a low jitter (such as a
crystal-based) clock is recommended.

Data bits are clocked out via the SDATA pin us-
ing the SCLK and L/R inputs. The rising edge of

SCLK causes the part to output each bit, except
the MSB, which is clocked out by the L/R edge.
Even so, a rising SCLK edge must occur coinci-
dent (within the timing tolerance) with the L/R
edge for internal housekeeping purposes.

It is recommended to connect SCLK to ACLKA,
as shown in Figure 1. Fourteen or sixteen trailing
zero’s will be clocked out on SDATA as part of
each data word, as shown in Figure 2. ACLKA’s
frequency is the analog modulator sampling rate,
and if a lower frequency is used for SCLK, slight
degradation of the ADC dynamic range can occur
due to interference effects.

Selection of left channel or right channel data is
accomplished using the L/R input pin. The serial
nature of the output data results in the left and
right data words being read at different times.
However, the words within an L/R cycle repre-
sent simultaneously sampled inputs.

Rising edges of L/R are used to synchronize the
digital filter; therefore L/R ’s frequency must be
CLKIN/128. It is preferable to generate L/R by
dividing ACLKA by 64. If CLKIN is used to
generate L/R, it is best to determine the phase of
ACLKA through the use of the APD pin. (When
high, the APD pin resets the internal divide-by-
two circuit that generates ACLKA. See Figure 4
for an example circuit.) If ACLKA phase is left
indeterminate, then the CLKIN to L/R delay must

DS35F1
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be shorter than the smaller delay shown in the
Switching Characteristics table (see Note 4.).

Analog Connections

The analog inputs are presented to the modula-
tors via the AINR and AINL pins. The analog
input signal range is determined by the internal
voltage reference value, which is typically -3.68
volts. The input signal range therefore is typically
+ 3.68 volts.

The ADC samples the analog inputs at
3.072 MHz for a 6.144 MHz CLKIN. For the
CS5326 & CS5328 the digital filter rejects all
noise between 26 kHz and (3.072 MHz-26 kHz).
For the CS5327 & (CS5329 the digital filter re-
jects all noise between 24 kHz and
(3.072 MHz-24 kHz). However, the filter will not
reject frequencies right around 3.072 MHz. Most
audio signals do not have significant energy at
3.072 MHz. Nevertheless, a 51 Q resistor in se-
ries with the analog input, and a 10 nF NPO or
COG capacitor to ground will attenuate any noise
energy at 3.072 MHz, in addition to providing the
optimum source impedance for the modulators.
The use of capacitors which have a large voltage
coefficient (such as general purpose ceramics)
should be avoided since these can degrade signal
linearity. If active circuitry precedes the ADC, it
is recommended that the above RC filter is
placed between the active circuitry and the AINR
and AINL pins. ’

The on-chip voltage reference output is brought
out to the VREF pin. A 10 UF electrolytic capaci-

f— Cal Period

| (4096xLRclocks) |
| (85.33 ms @ 48kHz)

tor in parallel with a 0.1 uF ceramic capacitor at-
tached to this pin eliminates the effects of high
frequency noise. Note the negative value of
VREF when using polarized capacitors. No load
current may be taken from the VREF output pin.

The analog input level used as zero during the
offset calibration period (described later) is input
on the ZEROL and ZEROR pins. Typically, these
pins are directly attached to AGND. For the ulti-
mate in offset nulling, networks can be attached
to ZEROR and ZEROL whose impedances match
the impedances present on AINL and AINR.

Power-Down and Offset Calibration

The ADC has a power-down mode wherein typi-
cal consumption drops to 20 mW. In addition,
exiting the power-down state initiates the offset
calibration procedure. This can be important for
digital audio applications since any initial offset

‘manifests itself as an audible power-on click.

APD and DPD are the analog and digital power-
down pins. When high, they place the analog and
digital sections in the power-down mode.
Bringing these pins low takes the part out of
power-down mode. DPD going low initiates a
calibration cycle, whereas APD going low sets
the phase of the ACLKA signal. If not using the
power down feature and if not using APD to set
the phase of ACLKA, APD should be tied to
ground. When using the power down feature,
DPD and APD may be tied together if the capaci-
tor on VREF is not greater than 10 UF, as stated
in the "Power-Up Considerations" section.

— [ Filter Delay Time
(~100 L/R periods)
(~2ms @ 48 kHz)

Normal Operation

DPD \'

|
|

|
|

-DCAL -

\'

Figure 3. Initial Calibration Cycle Timing
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During the offset calibration cycle, the digital
section of the part measures and stores the value
of the calibration input of each channel in regis-
ters. The calibration input value is subtracted
from all future outputs. The calibration input may
be obtained from either the analog input pins
(AINL and AINR) or the zero pins (ZEROL and
ZEROR) depending on the state of the ACAL
pin. With ACAL low, the analog input pin volt-
ages are measured, and with ACAL high, the zero
pin voltages are measured.

As shown in Figure 3, the DCAL output is high
during calibration, which takes 4096 L/R clock
cycles. If DCAL is connected to the ACAL input,
the calibration routine will measure the voltage
on ZEROR and ZEROL. These should be con-
nected directly to ground or through a network
matched to that present on the analog input pins.
Internal offsets of each channel will thus be
measured and subsequently subtracted.

Alternatively, ACAL may be permanently con-
nected low and DCAL utilized to ground the
user’s front end. In this case, the calibration rou-
tine will measure and store not only the internal
offsets but also any offsets present on the front
end.

During calibration, the digital output of both
channels is forced to a 2’s complement zero. Sub-
traction of the calibration input from conversions
after calibration substantially reduces any
power-on click that might otherwise be experi-
enced. A short delay of approximately 100 output
words will occur following calibration for the
digital filter to begin accurately tracking audio
band signals. The transition is simply the natural
filter response and is, of course, graceful.

Power-up Considerations

Upon initial application of power to the supply
pins, the data in the calibration registers will be
indeterminate. A calibration cycle should always
be initiated after application of power to replace

potentially large values of data in these registers
with the correct values.

The modulators settle very quickly (a matter of
microseconds) after the analog section is powered
on, either through the application of power, or by
exiting the power-down mode. The voltage refer-
ence, however, can take a much longer time to
reach a final value due to the presence of large
external capacitance on the VREF pin; allow ap-
proximately 5 ms/UF. The calibration period is
long enough to allow the reference to settle for
capacitor values of up to 10 uF. If a larger ca-
pacitor is used, additional time between APD
going low and DPD going low should be allowed
for VREF settling before a calibration cycle is in-
itiated.

Grounding and Power Supply Decoupling

As with any high resolution converter, the ADC
requires careful attention to power supply and
grounding arrangements if its potential perform-
ance is to be realized. Figure 1 shows powering
the part from single +5 volt supplies. Analog
ground and digital ground should be connected
together near to where the supplies are brought
onto the printed circuit board. Decoupling capaci-
tors should be as near to the ADC as possible,
with the low value ceramic capacitor being the
nearest. The VREF decoupling capacitors, par-
ticularly the 0.1 pF, must be positioned to
minimize the electrical path from VREF to Pin 1
AGND and to minimize the path between VREF
and the capacitors.

The printed circuit board layout should have
separate analog and digital regions and ground
planes, with the ADC straddling the boundary.
An evaluation board is available which demon-
strates the optimum layout and power supply
arrangements, as well as allowing fast evaluation
of the ADC.

To minimize digital noise, connect the ADC digi-
tal outputs only to CMOS inputs.

DS35F1
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Multiple ADC’s

In systems where multiple ADC’s are used, care
must be taken to ensure that the ACLKA phases
are synchronized if simultaneous sampling is de-
sired. In the absence of this synchronization, the
sampling difference could be one CLKIN cycle
(typically 162 ns). If this difference is unaccept-
able, the parts may be synchronized to within
several nanoseconds by using the circuit shown
in Figure 4. This circuit ensures that when the
ADC'’s come out of power-down mode, ACLKA
will have the same phase between all ADC’s. The
APD signal is used to reset the internal divide-
by-two flip-flop which generates ACLKA. The
circuit also ensures that L/R and SCLK occur at
the correct time.

PERFORMANCE

FFT Tests

For FFT based tests, a very pure sine wave is
presented to the ADC, and an FFT analysis is

6.144 MHz 74HC04 N . u4
J>c CCK QA
- oLk :

74HC590A
»— RCK QG
CCLR

performed on the output data. The resulting spec-
trum is a measure of the performance of the
ADC. S :

Figure 5 shows the spectral purity of the CS5326
with a 1 kHz, -10 dB input. Notice the low noise
floor, the absence of any harmonic distortion, and
the Dynamic Range value of 94.63 dB.

Figure 6 shows the CS5326 high frequency per-
formance. The input signal is a -10 dB, 9 kHz
sine wave. Notice the small 2nd harmonic at -
112 dB.

Figure 7 shows the low-level performance of the
CS5326. Notice the lack of any distortion com-
ponents. Traditional R-2R ladder based ADC’s
can have problems with this test, since differen-
tial non-linearities around the zero point become
very significant. Figure 8 shows the same very
low input amplitude performance, but at 9kHz in-
put frequency.

74HC04 CS5326/7/8/9
s 15 -
2 SCLK - spaTA P s
9
DCAL
+128 14
LR ACAL 37

6 22
—APD  ACLKA

DPD pcLKA
23 JCLKIN U1

CLKIN

CS5326/7/8/9

—_r

POWER DOWN

SCLK SDATA
DCAL
ACAL

14 -
LR

2.
APD  ACLKA

10 20
DPD  DCLKA
23

————» CLKIN U2

TO OTHER
CS5326's

Figure 4. Connections for Synchronization of Multiple CS5326/7/8/9 ADC’s.
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Figure 9 shows the CS5327 FFT plot with an in-
put signal of 1 kHz at -10 dB. This is very
similar to the CS5326 plot, but notice the reduc-
tion in the noise floor between 22 kHz and

_18 B Output Word Rate: 48 kHz
204 b - oo Full Scale: 7.3 V p-p
S/(N+D): 84.96 dB

R Dynamic Range: 94.96 dB

s (dc to 20 kHz)
Signal R B
Amplitude 60 -+ B - - - - - - - - - - - - - - - - o o o o o -
Relativeto .70 1 R - - - - - - . - - . o . o .
FullScale g9 | B . _ . . _ . . .. _ ... .. .. ..

de 4 8 12 16 20 24
Input Frequency (kHz)

Figure 5. CS5326 FFT Plot with -10 dB, 1 kHz Input

_18 7777777777 Output Word Rate: 48 kHz

200 L Full Scale: 7.3V p-p

30 S/(N+D): 15.95 dB

T """ Dynamic Range: 95.95 dB

A0 - (dc to 20 kHz)
Signal 5
Amplitude 60+ - - - - - - - - o o o o o oo o oL o
Relativeto .70 | _ _ . _ . _ _ . . _ _ . _ . . _ . _ . .
FullScale g4 | . _ . . _ . . ... __._.__.
(dB)

12 16 20 24

8
Input Frequency (kHz)

Figure 7. CS5326 FFT Plot with -80 dB, 1 kHz Input

0
404 - e e o Output Word Rate: 48 kHz

204 b oo Full Scale: 7.3 V p-p
S/(N+D): 84.78 dB
BOF k- Dynamic Range: 94.78 dB
AT TR (dc to 20 kHz)
Signal -50

Amplitude -60

Relative to _7g |
Full Scale 80 |
(dB)

g4 ------ - -
-100 j

-110
-120
-130

de 4 8 12 16 20 24
Input Frequency (kHz)

Figure 9. CS5327 FFT Plot with -10 dB, 1 kHz Input

24 kHz. This is caused by the digital filter attenu-
ating the noise in its transition band.

Figure 10 shows a plot of Signal to (Noise + Dis-
tortion) versus input amplitude relative to full

Output Word Rate: 48 kHz
Full Scale: 7.3 V p-p

04 oo

oo B, " S/(N+D): 85.07 dB
T i Dynamic Range: 95.07 dB

404 - - - - -k (dc to 20 kHz)
Signal B0t - -- - - - - - e e e

Amplitude 604 - - - - - - - -F - - - - - - - - o o - - oo

Relative to .70 |
Full Scale

804 - - - - - - - -

(dB) 904 - - - - - - - -

-100

-110 4

-120

-130

de 4 8 12 16 20 24
Input Frequency (kHz)

Figure 6. CS5326 FFT Plot with -10 dB, 9 kHz Input

0
T
20+ - - - - - - - - -

o A Dynamic Range: 95.35 dB

i B (dc to 20 kHz)
Signal BO+ - - - s s s s s s e s s e e e

Amplitude -60 4 - - - - - - - - - - - - - oo oo oo oo
Relative to .70 |
Full Scale -BOJ _______________________
904 - - - - - - - -

-100

-110 1

-120
-130

Output Word Rate: 48 kHz
Full Scale: 7.3 V p-p
S/(N+D): 15.35 dB

de 4 8 12 16 20 24
Input Frequency (kHz)

Figure 8. CS5326 FFT Plot with -80 dB, 9 kHz Input

Signal to (Noise + Distortion) (dB)

Input Signal Level (dB)

Figure 10. CS5326, CS5327 Signal to Noise+Distortion

Ratio vs. Input Level

DS35F1

3-15




CS5326, CS5327, CS5323, CS5329

‘13 R Output Word Rate: 48 kHz
204+ b - - Full Scale: 7.3 V p-p
S/(N+D): 87.00 dB
ol DR Dynamic Range: 97.00 dB
el . (dc to 20 kHz)
Signal BT N I T T
Amplitude 60+ f - - - - - - - - - - - - - - - - oo -

Relative to _7g
Full Scale -80 4
dB

g4k ---- -

de 4 8 12 16 20 24
Input Frequency (kHz)

Figure 11. CS5328 FFT Plot with -10 dB, 1 kHz Input

_18 1o Output Word Rate: 48 kHz
Full Scale: 7.3 V p-p
ol DR S/(N+D): 90.08 dB
BO k- Dynamic Range: 100.08 dB
Bel T (dc to 20 kHz)
Signal -50
Amplitude _go
Relative to 70 ]
Full Scale .80

de 4 8 12 16 20 24
Input Frequency (kHz)

Figure 13. CS5328 in Mono Mode FFT Plot with
-10 dB, 1 kHz Input

scale. For an ideal ADC, this plot would be a
straight line at 45° for all input frequencies be-
tween dc and half the output word rate. The
measured data from a CS5326 shows both the
excellent high frequency performance as well as
the maintenance of good performance with low
input levels. i

Figure 11 shows the18-bit CS5328 FFT plot. No-
tice the 2 dB improvement in dynamic range over
the CS5326.

Figure 12 shows thel8-bit CS5329 FFT plot. No-
tice the filter cut-off at 22 kHz, and the 2 dB
improvement in dynamic range over the CS5327.

0
[T 1 A _ Output Word Rate: 48 kHz
204 oo Full Scale: 7.3 V p-p
S/(N+D): 87.09 dB

ol Dynamic Range: 97.09 dB

A (dc to 20 kHz)
Signal B/ T
Amplitude 60 + § - - - - - - - - - - - oo oo oo
Relativeto .70 L B - - - - - - - - - - o o oo
FullScale go \ W _ . _ - _ . . _ . . _ . __ . _.__.
(dB) 90 ]

de 16
Input Frequency (kHz)

Figure 12. CS5329 FFT Plot with -10 dB, 1 kHz Input

g

®
o

@
o

»
S

Signal to (Noise + Distortion) (dB)

Input Signal Level (dB)

Figure 14. CS5328 Signal to Noise+Distortion Ratio vs.
~ Input Level

Figure 13 shows the CS5328 operated in 19-bit
mono mode, with the two inputs joined together,
and the output words added. Notice the 3 dB im-
provement over Figure 11.

Figure 14 shows a plot of Signal to Noise + Dis-
tortion versus Input Level for the 18-bit CS5328.
Notice the improvement in values over Figure 10.

DNL Tests

A Differential Non-Linearity test is also shown.
Here, the converter is presented with a linear
ramp signal. The resulting output codes are
counted to yield a number which is proportional
to the codewidth. A plot of codewidth versus
code graphically illustrates the uniformity of the
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Codes

Figure 15. CS5326 Differential Non-Linearity Plot

codewidths. Figure 15 shows the excellent Differ-
ential Non-Linearity of the CS5326. This plot
displays the worst case positive and negative er-
rors in each of 512 groups of 128 codes.
Codewidths typically are within £ 0.2 LSB’s of
ideal. A delta-sigma modulator based ADC has Confirm Optimum

no inherent mechanism for generating DNL er- Schematic & Layout

rors. The residual small deviations shown in Before Building Your Board.
Figure 10 are a result of noise. Nevertheless, the
performance shown is extremely good, and is su-
perior to typical R-2R ladder based designs.

Schematic & Layout Review Service

For Our Free Review Service
Call Applications Engineering.

Call:(512)445-7222

Digital Filter

Figures 16 through 21 show the performance of
the digital filter included in the ADC. All the
plots assume an output word rate of 48 kHz, with
a CLKIN frequency of 6.144 MHz. The filter fre-
quency response will scale precisely with
changes in CLKIN frequency. The passband rip-
ple is flat to £0.001 dB maximum. Stopband
rejection is greater than 86 dB.

Figures 16,18 &20 show the CS5326 and
CS5328 filter characteristics. Figure 20 is an ex-
panded view of the transition band.

Figures 17,19 & 21 show the CS5327 and
CS5329 filter characteristics. Figure 21 is an ex-
panded view of the transition band. Notice how
the filter enters the stopband at exactly 24 kHz,
which is half the output word rate, thereby guar-
anteeing no aliasing.
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Magnitude (dB)

Input Frequency (kHz) Input Frequency (kHz)

Figure 16. CS5326 /8 Digital Filter Stopband Rejection Figure 17. CS5327/9 Digital Filter Stopband Rejection
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Figure 18. CS5326/8 Digital Filter Passband Ripple Figure 19. CS5327/9 Digital Filter Passband Ripple
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Figure 20. CS5326/8 Digital Filter Transition Band Figure 21. CS5327/9 Digital Filter Transition Band
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PIN DESCRIPTIONS

ANALOG GROUND AGND 28 VREF VOLTAGE REFERENCE OUTPUT

Ot
LEFT CHANNEL ANALOG INPUT  AINL [}z 22z 0 AINR  RIGHT CHANNEL ANALOG INPUT
LEFT CHANNEL ZERO INPUT ZEROL (13 26 [1 ZEROR RIGHT CHANNEL ZERO INPUT
POSITIVE ANALOG POWER VA+ [+ 25 [7 VL+ ANALOG SECTION LOGIC POWER
NEGATIVE ANALOG POWER VA- s 24 1 LGND ANALOG SECTION LOGIC GROUND
ANALOG POWER DOWN INPUT  APD (e 2 [0 CLKIN MASTER CLOCK INPUT
ANALOG CALIBRATE INPUT ACAL a 7 2 1 ACLKA ANALOG SECTION CLOCK OUTPUT
NO CONNECT NC s 21 [0 NC NO CONNECT
DIGITAL CALIBRATE OUTPUT DCAL C}s 20 7 DCLKA DIGITAL SECTION CLOCK INPUT
DIGITAL POWER DOWN INPUT  DPD (j10 9 1 DGND DIGITAL GROUND
TEST TST1 On 8 1 VD2+ DIGITAL SECTION POSITIVE POWER
TEST TST2 (2 7 [0 VD1+ DIGITAL SECTION POSITIVE POWER
TEST TST3 [ 16 1 SDATA SERIAL DATA OUTPUT
O m}

LEFT/RIGHT SELECT INPUT L/R SCLK SERIAL DATA CLOCK INPUT

Power Supply Connections
VA+ - Positive Analog Power, PIN 4.
Positive analog supply. Nominally +5 volts.

VL+ - Positive Logic Power, PIN 25.
Positive logic supply for the analog section. Nominally +5 volts.

VA- - Negative Analog Power, PIN 5.
Negative analog supply. Nominally -5 volts.

AGND - Analog Ground, PIN 1.
Analog ground reference.

LGND - Logic Ground, PIN 24
Ground for the logic portions of the analog section.

VD1+, VD2+ - Positive Digital Power, PINS 17, 18.
Positive supply for the digital section. Nominally +5 volts.

DGND - Digital Ground, PIN 19.
Digital ground for the digital section.
Analog Inputs

AINL, AINR - Left and Right Channel Analog Inputs, PINS 2, 27
Analog input connections for the left and right input channels. Nominally +3.68 volts full scale.
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ZEROL, ZEROR - Zero Level Inputs for Left and Right Channels, PINS 3, 26.
Analog zero level inputs for the left and right channels. The levels present on these pins can be
used as zero during the offset calibration cycle. Normally connected to AGND, optionally through
networks matched to the analog input networks..

Analog Outputs

VREF - Voltage Reference Output, PIN 28.
Nominally -3.68 volts. Normally connected to a 0.1uF ceramic capacitor in parallel with a 10puF
or larger electrolytic capacitor. Note the negative output polarity.

Digital Inputs

CLKIN - Master Input Clock, PIN 23.
This ‘clock is internally divided by 2 to set the modulators sample rate. Sampling rates, output
rates, and digital filter characteristics scale to CLKIN frequency. CLKIN frequency of 6.144 MHz
corresponds to an output word rate of 48 kHz per channel.

DCLKA - Digital Section Input Clock, PIN 20.
This clock is used to clock the modulator output data into the digital section. Must be connected
to ACLKA.

SCLK - Serial Output Data Clock, PIN 15.
Data bits are output on the rising edge of SCLK.

L/R - Left/Right Select, PIN 14. _
Select the left or right channel for output on SDATA. The rising edge of L/R starts the MSB of
the left channel data. Thereafter, CLKIN, SCLK and L/R should run synchronously. L/R must be
equal to CLKIN/128. Although the outputs of each channel are transmitted at different times, the
two words in a L/R cycle represent simultaneously sampled analog inputs.

APD - Analog Power Down, PIN 6.
Analog section power-down command. When high the analog circuitry is in power-down mode. It
also causes the analog section to reset the clock output (ACLKA). APD is normally connected to
DPD when using the power down feature.

DPD - Digital Power Down, PIN 10
Digital section power-down command. Bringing DPD high puts the digital section into
power-down mode. Upon returning low, the ADC starts an offset calibration cycle. This takes
4096 L/R periods (85.33 ms with a 6.144 MHz clock). DCAL is high during the calibrate cycle
and goes low upon completion. DPD is normally connected to APD. A calibration cycle should
always be initiated after applying power to the supply pins.
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ACAL - Analog Calibrate, PIN 7.
Analog section calibration command. When high, causes the left and right channel modulator
inputs to be internally connected to ZEROL and ZEROR inputs respectively. May be connected to
DCAL.

Digital Outputs

ACLKA - Analog Section Output Clock, PIN 22.
This clock is CLKIN/2. It is used by the digital section to clock in the modulator output data.
ACLKA must be connected to DCLKA. The phase of ACLKA may be reset by using APD.

SDATA - Serial Data Output, PIN 16.
Data bits are presented MSB first, in 2’s complement format.

DCAL - Digital Calibrate Output, PIN 9.
This pin rises immediately upon entering the power-down state (DPD brought high). It returns
low 4096 L/R periods after leaving the power down state (DPD brought low), indicating the end
of the offset calibration cycle (which = 85.33 ms with a 6.144 MHz CLKIN). May be connected
to ACAL. (See Figure 3)

Miscellaneous

NC - No Connection, PINS 8,21.
These two pins are bonded out to test outputs. They must not be connected to any external
component or any length of PC trace.

TST1, TST2, TST3 -Test Inputs, PINS 11, 12, 13.
Allows access to the ADC test modes, which are reserved for factory use. Must be tied to DGND.
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PARAMETER DEFINITIONS

Resolution - The total number of possible output codes is equal to 2N where N = the number of bits
in the output word for each channel.

Signal-to-Noise plus Distortion Ratio - The ratio of the rms value of the signal to the rms sum of all
other spectral components over the specified bandwidth (typically 10 Hz to 20 kHz) including

distortion components. Expressed in decibels.

Total Harmonic Distortion - The ratio of the rms sum of all harmonics up to 20 kHz to the rms value
of the signal. Units in percent.

Dynamic Range - Full scale (RMS) signal to broadband noise ratio. The broadband noise is measured
over the specified bandwidth, and with an input signal 60dB below full-scale. Units in decibels.

Interchannel Phase Deviation - The difference between the left and ryight‘ channel sampling times.
Interchannel Isolation - A measure of crosstalk between the left and right channels. Measured for
each channel at the converter’s output with the input under test grounded and a full-scale signal

applied to the other channel. Units in decibels.

Interchannel Gain Mismatch - The gain difference between left and right channels. Units in
decibels.

Gain Error -The deviation of the gain value from the typical number given in the analog
specifications table.

Gain Drift - The change in gain value with temperature. Units in ppm/°C.

Bipolar Offset Error - The deviation of the mid-scale transition (111...111 to 000...000) from the ideal
(1/2 LSB below AGND). Units in LSBs.

Differential Non-Linearity - The deviation of a code’s width from the ideal width. Units in LSB’s.
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REFERENCES (All reprinted in the back of this data book)

1) "A Stereo 16-bit Delta-Sigma A/D Converter for Digital Audio” by D.R. Welland, B.P. Del Sig-
nore, E.J. Swanson, T. Tanaka, K. Hamashita, S. Hara, K. Takasuka. Paper presented at the 85th
Convention of the Audio Engineering Society, November 1988.

2) " The Effects of Sampling Clock Jitter on Nyquist Sampling Analog-to-Digital Converters, and on ‘
Oversampling Delta Sigma ADC’s" by Steven Harris. Paper presented at the 87th Convention of the
Audio Engineering Society, October 1989.

3) " An 18-Bit Dual-Channel Oversampling Delta-Sigma A/D Converter, with 19-Bit Mono Applica-

tion Example" by Clif Sanchez. Paper presented at the 87th Convention of the Audio Engineering
Society, October 1989.

Ordering Guide

Model Resolution Filter Enters Stopband  Temperature Package
CS5326-KP 16-bits 26 kHz 0°C to 70 °C 28-pin Plastic DIP
CS5327-KP 16-bits 24 kHz 0°C to 70 °C 28-pin Plastic DIP
CS5328-KP 18-bits 26 kHz 0°C to 70 °C 28-pin Plastic DIP
CS5329-KP 18-bits 24 kHz 0°C to 70 °C 28-pin Plastic DIP
CDB5326 CS5326 Evaluation Board
CDB5327 CS5327 Evaluation Board
CDB5328 CS5328 Evaluation Board
CDB5329 CS5329 Evaluation Board
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Semiconductor Corporation

CDB5326 CDB5327
CDB5328 CDB5329

Evaluation Board for CS5326,

CS5327, CS5328 and CS5329

Features

® Demonstrates recommended layout
and grounding arrangements

® CS8402 Generates AES/EBU, S/PDIF
& CP-340 Compatible Digital Audio

® Buffered Serial Output Interface
® Digital and Analog Patch Areas

@® On-board or externally supplied system
timing

General Description

The CDB5326 and CDB5327 evaluation boards allow
fast evaluation of the CS5326 and CS5327 16-bit, ste-
reo A/D converters. Ther CDB5328 and CDB5329
evaluation boards allow fast evaluation of the CS5328
and CS5329 18-bit, stereo A/D converters. The boards
generate all converter timing signals and ‘provide a se-
rial output interface. Evaluation requires a digital signal
processor, a low-distortion signal source, and a power
supply.

The evaluation boards may also be configured to ac-
cept external timing signals for operation in a user
application during system development.

ORDERING INFORMATION:
CDB5326, CDB5327, CDB5328, CDB5329

-159\/ GND +15V G&D g
ANALOG POWER SUPPLY DIGITAL
PATCH REGULATION & PATCH _
AREA CONDITIONING AREA —@ LR
—“—‘*? SCLK
OFFSET 1 SERIAL
AINR CS5326, Je—o cagmgggN = INPUT/OUTPUT
©—prt Cs5327,
i DATA
v Cs5328, E s
OR h
AL i Cs5329 css402  ——@ DIGITAL
0 DIGITAL AUDIO AUDIO
D9 Butte A/D CONVERTER LNE DAIVER ® oita
EXT CLKIN »/ SERIALTO | PARALLEL
) CONVERTER DATA
S —
Not Provided on
the evaluaiton board.
MAR ’93 Crystal Semiconductor Corporation
DS35DB5 P.O. Box 17847, Austin, TX 78760
3-24 (512) 445 7222 FAX: (512) 445 7581



y J4 Y217z J 4 11
- CDB5326,7,8,9
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Figure 1. ADC Connections
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Power Supply Circuitry

The schematic diagram in Figure 2 shows the
evaluation board power supply circuitry. Power is
supplied to the evaluation board by five binding
posts. The £5 Volt analog power supply inputs of
the converter are derived from *15 Volts using
the voltage regulators U3 and US. The +5 Volt
digital supply for the converter and the discrete
logic on the board is provided by the +5V and
DGND binding posts with isolation provided by
L1, L2 and L3. D1, D2 and D3 are transient sup-
pressors which also provide protection from
incorrectly connected power supply leads. C1-C6
provide general power supply filtering for the
analog supplies. C13, C14, C16 and C17 provide
localized decoupling for the converter VA+ and
VA- pins as shown in Figure 2. Note that C16 is
connected between VA- and VA+ and not VA-
and AGND. RI1 and C15 provide isolation for
the analog logic power supply pin, VL+. The
evaluation board uses both an analog and a digi-
tal ground plane which are connected at a single
point. This ground plane arrangement isolates
digital logic noise from the analog circuitry.

Analog Input Buffer and Protection Circuitry

As shown in Figure 2, the analog input signals
are connected to the board via the BNC connec-
tors labeled AINL and AINR. The input buffer
and protection circuit is comprised of U10, R12-
R15, Philips BAT-85 schottky diodes D5-D8, and
the 5.6V zener diodes D9-D10. The Crystal Ap-
plication Note "ADC Input Buffer and Protection
Techniques" discusses this circuit and component
selection criteria. Jumpers have been included to
allow the input buffers to be easily bypassed and
terminated.

RC filters, R16/C18 and R18/C19, provide an-
tialias filtering and the optimum source
impedance for the ADC analog inputs. The
ZEROR and ZEROL inputs of the ADC are tied
to analog ground through identical filters to du-
plicate the output impedance of the analog
buffers for use during offset calibration.

+15V
us ‘
+15v G j l 78L05 VA+
3 cs5
D2 * C C4
?7 uF —fo.zz uF 0.47 uF »
AGND (O % Eo—
oo o Jos =
AGND DGND
D1 47 uF 0.22 uF 0.47 uF
15V us —L» VA-
79L05
-8V D1 = D2 = 1N6276A 1.5KE
D3 = P6KE-6V8P from Thomson
+5V O +—I"—> vpa L1, 12,13
L1 J. W. Miller
VDb FB43-226
L2
DGND VD¢
L3

Figure 2. Power Supply Circuitry
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+15V VA+
AINL 10A o
© €S5326
in CS5327
CS5328
A CS5329 |
510 D8 D5 2 .
MWV _T_ AINL '
U10 = NE5532 R17 10 nE
D5 - D8 = BAT-85 & ci9 v
D9 - D10 = 5.6V 510 o7
AINR
R16 é 10 nF
Cc18 f 1
2k
. D7 D6 AGND ’
AINR R14 <; .
=~ out _out RI3 .
in 2k TN e
u10B D9 VA-
-15V
Figure 3. ADC Input Buffer and Protection Circuitry
CLOCK/TIMING GENERATOR
A 12.288 MHz clock signal is provided by the EXT GLKIN

onboard oscillator X1. U9B performs a divide by
2 of the clock signal to supply a 6.144 MHz
clock to the ADC and the Digital Audio Line
Driver to support a 48kHz sample rate. An exter-
nal master clock may be connected to the
EXTCLKIN BNC connector if the onboard oscil- u2-5
lator is removed.

CLKIN

As recommended in the converter’s data sheet,
ACLKA is inverted and connected to SCLK to
clock data out of the converter at half the CLKIN
frequency as shown in Figure 5. To generate the
L/R signal, ACLKA is divided by 64 with the Figure 4. Clock Generator
counter U7 shown in Figure 9. Since U7 is an

asynchronous counter that advances on falling

edges of ACLKA, USA insures that L/R meets

the telr, taclr, and tscklr timing requirements speci-

fied in the converter’s data sheet. The divide by

32 output of U7 is also used to generate the

LCLK signal for use with an external parallel

output interface.

74HCT74A
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)
' JZ 17 4 o w/l/ 4
VDb
sox @ UeD
= 8 <! 9
CS8402
" 0 b+ U2-16
7 Cal «—!
v4B IZS 4D icm (APD &DPD) )
12 = 9 :EmF
» Uoa = U6 - 74HC14 P
DCLKA ACLKA hd
1 2 4 26 -
ncuka 2 uea Figure 6. Offset Calibration Circuit
J14-3
SCTLK u7-10
15 . . . .
sex Reset/Offset Calibration Circuit
ut
' Cosay e The circuit of Figure 6 provides a pulse to the
PO R R Analog to Digital Converter’s DPD and APD
, C8eezs 5 u27 pins initiating an offset calibration cycle. This
SDATA :71145 pulse will also reset U2, the Digital Audio Line
spaTA 18 4 U4 - 74HC4050 Driver. The circuit is activated on power-up and

U6-74HC14

J14-1
u2-8 6
usc
uA
2 ) 7
SDATA ?uﬁ

Figure 5. Serial Input/Output

Serial Output Interface

The serial output interface is provided by the
SDATA, SCLK, and L/R BNC connectors on the
evaluation board. These outputs are buffered, as
shown in Figure 5, in order to isolate the con-
verter from the digital signal processor. Serial
data is clocked out of the converter by the SCLK
signal at half of the master clock frequency. Note
that in this configuration the serial output data is
clocked out during the first part of each L/R cy-
cle. After the data for the selected channel has
been clocked out, zeros are clocked out during
the remaining SCLK cycles before L/R changes
state.

when SW2 is closed.
Configuring the Board for External Timing

An external master clock may be supplied to the
board directly via the EXTCLKIN input if the on
board oscillator, X1 is removed. The board’s
SCLK and L/R connectors may also be config-
ured to accept input signals. This is accomplished
with a simple modification. Holes in the SCLK
and L/R traces have been added to accommodate
installing jumper wires and to facilitate breaking
traces. Drilling through the surface pad of one of
these holes with a small twist drill effectively
breaks the trace and allows it to be driven by an-
other source attached at an adjacent hole. This
technique can be used to connect the converter to
externally generated SCLK and L/R signals dur-
ing system development. Note that the SCLK
trace must be broken at U6A pin 2 and U4D pin
9 before it may be configured as an input. Simi-
larly, the L/R trace must be broken at U4B pin 4
and U8 pin 2 before the BNC connector may be
configured as an input.
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Digital Audio Standard Interface

Included on the evaluation board is a CS8402
Digital Audio Line Driver. This device can im-
plement AES/EBU, S/PDIF and EIAJ CP-340
interface standards. Figure 7 shows the schematic
for the CS8402. The C, U and V bits can be
driven from external logic using the CBL output
for block synchronization. SW1 provides 8 DIP
switches to select various modes and bits for the
CS8402. Table 3 lists the settings for the profes-
sional mode which is the default setting for the
evaluation board from the factory. Switch 8 se-
lects between professional and consumer modes;
however, the CS8402 output to the transformer
must be modified, as shown in Figure 8, to be
compatible with the consumer interface. Table 5

lists the switch settings for consumer mode. If the
C input is used, the input bits are logically OR’ed
with the appropriate DIP switch bits. In Tables 3
and 5, the *C’ bits listed in the comment section
are taken from the Digital Audio Interface speci-
fications. As an example, switch 4 in the
professional mode (Table 3) controls C9 which is
the inverse of channel status bit 9 (also listed as
byte 1, bit 1 in the CS8402 data sheet). Channel
status bit 9 is one of four bits indicating channel
mode. Therefore, using DIP switch 4, only two of
the available channel modes may be selected.
The C input port may be used to select other
channel modes. See the CS8401 & CS8402 data
sheet for more information on the operation of
the CS8402.

VDb
10 kQ SIP

1425678893 .

CLKIN SCLK .
T T —————— - DIPSW 8
SW1
5 6
VD+ 9'yps MCK  SCK pPRO |2 9, 8
+1C10 _lco _PRO® ” ,
1uF (0.1 UF18 C7/C3 —6—0
1 _} GND Sirco 3 11/ |
CBL o 15| caL Ge/ca 4 12" 5]
v ey vy v cssao2  Coicis 2 13,7 44
RO 20kQ = 1o U2 emsce 'S 14,7 3,
c ° ¢ c — |14 15 2
R8 %%1 EMO/C 2.4
. = 11 o4 16, 1
U o U CRE/FC1 e
=+ R7 12%\/‘«\/22_ L
21 RSTHS < RST
Mo ra
TP
22! My
2
L SDATA FSYNC TXN
i I SCHOTT 67129600
47kQ > R4>R5 > R6 PULSE PE65612

SDATA
VDb

Figure 7. Digital Audio Line Connections
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CONNECTOR INPUT/OUTPUT : SIGNAL PRESENT
+15 input +15 Volts from power supply
-15 input -15 Volts from power supply
AGND input analog ground connection from power supply
+5 input +5V for ADC VD1+ / VD2+ and discrete logic
DGND input digital grbund connection from power supply
AINL input left channel analog input
AINR input " right channel analog input
EXTCLKIN input external master clock input
LR output left /right channel signal
SDATA output serial output data
SCLK output serial output clock
J14 output serial output data
Digital Output output CS8402 digital output via transformer

Table 1. System Connections

JUMPER PURPOSE POSITION FUNCTION SELECTED
J13 selects channel for serial to L left channel data presented on J14
parallel conversion R right channel data presented on J14
B left then right channel data
alternately presented on J14
J12 selects 16-bit or 18-bit 16 16-bit data on J14 for
parallel output word size CS5326 and CS5327
18 18-bit data on J14 for
CS5327 and CS5329

* Default setting from factory

Table 2. System Connections
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Switch# | 0=Closed, 1=Open Comment
8 PRC=0 Professional Mode, CO=1 (default)
1 CRE Local Sample Address Counter & Reliability Flags
default 0 Disabled
1 Internally Generated (channel status bytes 14-17 and byte 22)
57 C6, C7 C8,C7 - Sample Frequency
1 1 00 - Not Indicated - Default to 48 kHz
default 1 0 01 - 48 kHz
o 1 10 - 44.1 kHz
0 o 11 - 32 kHz
6 c1 C1 - Audio
default 1 0 - Normal Audio
0 1 - Non-Audio
4 [e5) C8,C9,C10,C11 - Channel Mode (1 of 4 bits)
1 0000 - Not indicated - Default to 2-channel
default 0 0100 - Stereophonic
3,2 EM1, EMO C2,C3,C4 - Emphasis -
default 1 1 000 - Not Indicated - default to none
1 0 100 - No emphasis
0o 1 110 - 50/15 ps
0 0 111 - CCITT J.17

Table 3. CS8402 Switch Definitions - Professional Mode

M2 | M1 | MO Format

0 0 0 0 - FSYNC & SCK Output

* 0 0 1 1 - Left/Right, 16-24 Bits

0 1 0 | 2-Word Sync, 16-24 Bits

0 1 1 3 - Reserved

1 0 0 | 4- Left/Right, I°S Compatible
1 0 1 5 - LSB Justified, 16 Bits

1 1 0 6 - LSB Justified, 18 Bits

1 1 1 7 - MSB Last, 16-24 Bits

Table 4. CS8402A Audio Port Modes

* Default setting for CDB5326/7/8/9.
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Switch# | 0=Closed, 1=Open Comment
8 PRO=1 Consumer Mode, C0=0 (Note 1)
1,6 FC1, FCO C24,£25,C26,C27 - Sample Frequency (encoded 2 of 4 bits)
0o o0 0000 - 44.1 kHz
0o 1 0100 - 48 kHz
1 0 1100 - 32 kHz )
1 1 0000 - 44.1 kHz, CD Mode
7 c3 C3,C4,C5 - Emphasis (1 of 3 bits)
1 000 - None
0 100 - 50/15 us
5 c2 C2 - Copy/Copyright
1 0 - Copy Inhibited/Copyright Asserted
0 1 - Copy Permitted/Copyright Not Asserted
4 ci5 C15 - Generation Status i
1 0 - Definition is based on category code.
0 1-  See CS8402 Data Sheet, Appendix A
3,2 C8, C9 C8-C14 - Category Code (2 of 7 bits)
1 1 0000000 - General
1 0 0100000 - PCM encoder/decoder
0o 1 1000000 - Compact Disk - CD
0 O 1100000 - Digital Audio Tape - DAT
Note: 1. The evaluation board is shipped from the factory in the Professional mode. Changing switch 3 to
open places the CS8402 in Consumer mode; however, the hardware is not set up for consumer
mode. To modify the hardware for Consumer mode, change R3 to 374Q, add R2 at 90.9Q, cut the
trace connecting TXN to the transformer, and connect the transformer side to the ground hole pro-
vided (see Figure 8). For a full explanation of the consumer hardware interface, see the CS8402
data sheet, Appendix B.
Table 5. CS8402 Switch Definitions - Consumer Mode
. R3
R DY )y 1 O
= 374 Q0 & ‘g_
- CS8402 5 e
/ U2 90.90 > R2 83
' ™Yo
. 2 4
‘ = SCHOTT 67129600
PULSE PE65612
Figure 8. Hardware Connections for Consumer Mode
3-32 DS35DB5



CDB5326,7,8,9

External Parallel Output Interface

Figure 10 is a suggested circuit which assembles
16-bit or 18-bit words from the serial data output
on J14. J12, Figure 9, on the evaluation board
selects the word size which should be set to "16"
for use with the CS5326 and CS5327 and "18"
for use with the CS5328 and CS5329. Each bit of
serial data is clocked out of the converter on the
rising edge of SCLK and shifted into the 24-bit
shift register formed by Ull, Ul2 and Ul3 on
SCLK’s falling edge. After all data bits for the
selected channel have been shifted into Ul1, U12
and U13 the data is latched onto P3 by the rising
edge of LCLK.

J13, Figure 9, selects the channel whose output
data will be converted to parallel form and pre-
sented on P3. With J13 in the "B" (both) position,
paralle]l data from one channel will be presented
first with data from the other channel presented

subsequently. In the "L" (left) position, only left
channel conversions will be presented, while in
the "R" (right) position only right channel con-
versions are presented.

Two interface mechanisms are provided for read-
ing the data from this port. With the first, the
falling edge of LCLK is used to clock the parallel
data into the digital signal processor. LCLK may
be jumpered from P1 to the "X" position of P3.
Alternatively, a handshake protocol implemented
with DACK and DRDY may be used to transfer
data to the signal processor. The fall of DRDY
informs the digital signal processor that a new
data word is available. The processor then reads
the port and acknowledges the transfer by assert-
ing DACK. Note that DRDY will not be asserted
again unless DACK is momentarily brought high
although new data will continue to be latched
onto the port.

VDb

1] |15 C30
o QL Ak 44 16/ 01uF |8 =
ACLKA >—>oik (- M 13| Ve GND] g
VDb 7arca0s0 1 [ [0 |D ygp A
E 16 oo Q= - 74HCITS |
__C‘aF Qg VDb scLK>2>ck glo
0-1uFg oD ay® R9%47m
6
K RST QC; 1I
= Q.1
Bl J o,
Qpf=—e D yga QF— LR
TaHCTS | ACKLA
are SDATA
J12 T_L;"“g
16 -1~
18LT- E_ LCLK °
9% 10
D CLR L
Q 5 7 12| Q1o VDb
UZA ‘D use Q usc
74HC74 74HC175 ol oM |
scLk>—3b ok @ o soLK>— al% scw Qo
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o

Figure 9. Timing Generator
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Figure 10. Suggested Serial to Parallel Interface

(Not provided on the evaluation board)

3-34

DS35DB5



CDB5326,7,8,9

r 7 Jyirr 4 4 14
AErGEy W N N
Y 477 4 2 N//] 4

o 48v o ev O
a0 5V o AGO -tV +15v it
D
) Qo& % .u ﬁm 35 Quz s
Cer u3
Ces @ m”’ﬁDmﬁ ars
——] D s 1%
[: L2 C:
- RS £55 R19
- Ra
a SwWi §§ + _ 08 our
W + gTle 07 NN
- ouT
. DETAL [ ] |
om | ||| L= e e L
n [D : :'é’z‘o,c-“'_ Twe o
g e} Emizd €33
v " RM
caL w o 0 5 rie KO wr
CY- I — PR | = - o | s ™
b SOATA o= Iy gs‘,a 5
QLN -
SDATA c32 8| EE _(:,:,—_F—

SCLK —Jc3 c29 30
Lak c26 » e
¥5V R20 R22
i b T
c28 ) .
= e
us

T o % CRYSTAL
= %gl Y 2 ® [Semiconductor C°’P°'°&FJ
C24 - SMART Analog
[ ] CDB5326
W2 Evaluation Board
PCB5326 REV.E

SOATA LR o) SCLK EXT CLKN o

3-35

Figure 11. CDB5326/7/8/9 Rev. E. Layout

DS35DB5



-5 CDB5326,7,8,9

e e
k 00000 - ".E-:ﬁ"'
000 R - 000000 i 00Q(IPO00 C
o o oo :
IRt B :

00000000
@
- ()
(J -
J
OO0
£ )
() ]
]
(J
OO
O

:: :: 0000000000
Q000 000000 00
000! lg‘ooooo» 00
00000 0000 Q0
D00 000 00
ole]e] C 00
000 OC 00
. ‘ 0000 }-4010’_ ole
00000 04_‘3 O ole
C0000 0 00
® 300 . Q0
0 DO000
® ° ssouH o0
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Figure 13. CDB5326/7/8/9 Rev. E. Solder Side
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CS5336 CS5338 CS5339

' JI17 4 B NITT 4
Semiconductor Corporation

16-Bit, Stereo A/D Converters for Digital Audio

Features

® Complete CMOS Stereo A/D System
Delta-Sigma A/D Converters
Digital Anti-Alias Filtering
S/H Circuitry and Voltage Reference

® Adjustable System Sampling Rates
including 32kHz, 44.1 kHz & 48kHz

® Low Noise and Distortion
>90 dB S/(N+D)

® [nternal 64X Oversampling

® Linear Phase Digital Anti-Alias Filtering
0.01dB Passband Ripple
80dB Stopband Rejection

® Low Power Dissipation: 400 mW
Power-Down Mode for Portable
Applications

® Evaluation Board Available

General Description

The CS5336, CS5338 & CS5339 are complete analog-
to-digital converters for stereo digital audio systems.
They perform sampling, analog-to-digital conversion and
anti-aliasing filtering, generating 16-bit values for both
left and right inputs in serial form. The output word rate
can be up to 50 kHz per channel.

The ADCs use delta-sigma modulation with 64X over-
sampling, followed by digital filtering and decimation,
which removes the need for an external anti-alias filter.

The CS5336 & CS5338 have an SCLK which clocks out
data on rising edges. The CS5339 has an SCLK which
clocks out data on falling edges.

The CS5336 has a filter passband of dc to 22kHz. The
CS5338 & CS5339 have a filter passband of dc to 24
kHz. The filters have linear phase, 0.01 dB passband
ripple, and >80 dB stopband rejection.

The ADC’s are housed in a 0.6" wide 28-pin plastic DIP,
and also in a 0.3" wide 28-pin SOIC surface mount
package. Extended temperature range versions of the
CS5336 are also available.

ORDERING INFORMATION:  See Page 3-59

ICLKA APD ACAL

OCLKD ICLKD FSYNC SCLK L/R

... V2 _¥6_ 7. L _21,__240_._,17,,¢1_5$ __ ___
>0 SDATA
Serial Output Interface CMODE
SMODE
AINL > L
ZEROL - ”| Digital Decimation :
! Filter I
+ S/H .
' Comparator 19
DAC | 0 ToT
AINR > . Digital Decimation :
ZEROR N — Filter . '
. ¢ .8
AGND Comparator ' Calibration Calibration NC
| Microcontroller SRAM | ,22
, "0 NC
¥ ks 425 424 "'l'g”I{o """ g 419
VA+ VA VL+ LGND DCAL DPD VD+ DGND
Crystal Semiconductor Corporation AUG '93
P.O. Box 17847, Austin, TX 78760 DS23F1
(512) 445-7222 FAX: (512) 445-7581 3-39
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ANALOG CHARACTERISTICS (Logic 0 = GND; Logic 1 = VD+; K grade: Ta= 25°C; B and T
grades: Ta = TMIN to Tmax; VA+, VL+,VD+ = 5V; VA- = -5V; Full-Scale Input Sinewave, 1kHz; Output word
rate = 48 kHz; SCLK = 3.072 MHz; Source Impedance = 50Q with 10 nF to AGND; Measurement Bandwidth is
10 Hz to 20 kHz; unless otherwise specified.)

CS5336,8,9-K CS5336-B CS5336-T

Parameter Symbol| Min Typ Max|Min Typ Max|Min Typ Max| Units
Specified Temperature Range TA 0 to 70 |-40 to +85|-55 ‘to +125| °C
Resolution 16 - - 16 - - 16 - - Bits
Dynamic Performance
Dynamic Range 92.7 95.7 - 90 935 - 84 92 - dB
Signal-to-(Noise + Distortion); THD+N S/(N+D)}90.7 927 - |8 89 - 18 86 - dB
Signal to Peak Noise ) - 9% - |- 9 - |- 94 - dB
Total Harmonic Distortion THD |.0025.001 - |.005 .001 - |.013 .005 - %
Interchannel Phase Deviation - .0001 - - .0001 - - .0001 - °
Interchannel Isolation (dc to 20 kHz) 100 106 - (90 106 - |83 96 - dB
dc Accuracy
Interchannel Gain Mismatch - 0.01 005 - .0t .05| - .01 o041 dB
Gain Error (includes Vref tolerance) - 1 5] - 2 5| - 43 16 %
Gain Drift (includes Vref drift, Note 1) - 25 - - 70 - - 70 - |ppm/°C
Bipolar Offset Error (Note 2) - 5 15| - +10 #30| - *16 65| LSB
Offset Drift (Note1) - 15 - - 20 - - 20 - |ppm/°C
Analog Input
Input Voltage Range (Full Scale) VIN |+35 +3.68 - |+3.5+3.68 - |+3.513.68 - \
Input Impedance ZIN - 65 - - 65 - - 65 - kQ
Power Supplies
Power Supply Current (VA+H)+(VL+) | 1A+ - 25 3| - 25 3| - 25 35| mA
with APD, DPD low VA- I1A- - 25 35| - 25 35| - -25 -35| mA
(Normal Operation) VD+| ID+ - 30 45| - 30 45| - 30 50| mA
Power Supply Current (VA+)+(VL+) | 1A+ - 10 50 - 10 50| - 10 50| pA
with APD, DPD high VA-| IA- - -0 50} - -0 50| - -10 -50| pA
(Power-Down Mode) VD+| D+ - 10 400] - 10 400 - 10 400| pA
Power Consumption (APD, DPD Low)| PDN - 400 575| - 400 575| - 400 600| mwW

(APD, DPD High)| PDS | - 0.5 25| - 0145 25| - 0.156 25| mW

Power Supply (dc to 26 kHz) PSRR | -~ 54 - - 54 - - 54 - dB
Rejection Ratio (26 kHz to 3.046 MHz) - 100 - - 100 - - 100 - dB

Notes: 1. This parameter is guaranteed by design and/or characterization.

2. After calibration with DCAL connected to ACAL, and ZEROL & ZEROR terminated to AGND with an
impedance matched to the AINR & AINL source impedance. Executing a calibration with ACAL tied
low (See Power Down and Offset Calibration section) will yield an offset error of typically less than
+ 5LSB.

Specifications are subject to change without notice.
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DIGITAL FILTER CHARACTERISTICS
(Ta = 25 ° C; VA+, VL+ ,VD+ = 5V + 5%; VA- = -5V + 5%; Output word rate of 48 kHz)

Parameter Symbol Min Typ Max Units
Passband (-3dB) CS5336 0 to 22 kHz
(-3dB) CS5338, CS5339 0 to 24 kHz
(-0.01dB) CS5336 0 to 20 kHz
(-0.01 dB)  CS5338, CS5339 0 to 22 kHz
Passband Ripple - - + 0.01 dB
Stopband CS5336 26 to 3046 kHz
CS5338, CS5339 28 to 3044 kHz
Stopband Attenuation (Note 3) 80 - - dB
Group Delay (OWR = Output Word Rate) tgd - 18/OWR - s
Group Delay Variation vs. Frequency 2atgd - - 0.0 us

Notes: 3. The analog modulator samples the input at 3.072MHz for an output word rate of 48 kHz. There is
no rejection of input signals which are multiples of the sampling frequency (that is: there is
no rejection for n x 3.072MHz +22kHz for the CS5338 & CS5339, or n x 3.072MHz +20.0kHz for the
CS5336, where n = 0,1,2,3...).

DIGITAL CHARACTERISTICS
(Ta = 25 °C; VA+, VL+ ,VD+ = 5V £ 5%; VA- = -5V £ 5%)

Parameter Symbol Min Typ Max Units
High-Level Input Voltage VIH 70%VD+ - - v
Low-Level Input Voltage ViL - - 30% VD+ v
High-Level Output Voltage at lo = -20uA VOH 4.4 - - \Y
Low-Level Output Voltage at lo = 20uA VoL - - 0.1 \Y
Input Leakage Current lin - 1.0 - uA

ABSOLUTE MAXIMUM RATINGS (AGND, LGND, DGND = 0V, all voltages with respect to GND)

Parameter Symbol Min Max Units
DC Power Supplies: Positive Analog VA+ -0.3 +6.0 V]
Negative Analog VA- +0.3 -6.0 \
Positive Logic VL+ -0.3 (VA+) + 0.3 Vv
Positive Digital VD+ -0.3 +6.0 A
Input Current, Any Pin Except Supplies in - + 10 mA
Analog Input Voltage (AIN and ZERO pins) Vina (VA-)-0.3 (VA+)+ 0.3 \
Digital Input Voltage Vino -0.3 (VD+) +0.3 v
Ambient Temperature (power applied) Ta -55 +125 °C
Storage Temperature Tatg -65 +150 °C

WARNING: Operation at or beyond these limits may result in permanent damage to the device. !
Normal operation is not guaranteed at these extremes.
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SWITCHING CHARACTERISTICS

(TA=25°C; VA+, VL+, VD+ =5V +5%; VA- =-5V £5%; Inputs: Logic 0 = 0V, Logic 1 = VD+; CL = 20 pF)

Parameter ' Symbol Min Typ Max Unit
ICLKD Period (CMODE low) (Note 6) t clkwi 78 - 3906 ns
ICLKD Low (CMODE low) t clki1 31 - - ns
ICLKD High (CMODE low) t clkhi 31 - - - ns
ICLKD rising to OCLKD rising (CMODE low) tiol 5 - 40 ns
ICLKD Period (CMODE high) t clkw2 52 - 2604 ns
ICLKD Low (CMODE high) t clki2 20 - - ns
ICLKD High (CMODE high) t clkh2 20 - - ns
ICLKD rising or falling to OCLKD rising (CMODE high, Note 4) tio2 5 - 45 ns
ICLKD rising to LR edge (CMODE low, MASTER mode) tiir 5 - 50 ns
ICLKD rising to FSYNC edge (CMODE low, MASTER mode) tifs1 5 - 50 ns
ICLKD rising to SCLK edge (CMODE low, MASTER mode) tisclk1 5 - 50 ns
ICLKD falling to L/R edge (CMODE high, MASTER mode) tiro 5 - 50 ns
ICLKD falling to FSYNC edge (CMODE high, MASTER mode) tifs2 5 - 50 ns
ICLKD falling to SCLK edge (CMODE high, MASTER mode) tisclk2 5 - 50 ns
SCLK rising to SDATA valid (MASTER mode, Note 5) tsdo 0 - 50 ns
SCLK duty cycle (MASTER mode) 40 50 60 %
SCLK rising to L/R (MASTER mode, Note 5) t msir -20 - 20 ns
SCLK rising to FSYNC (MASTER mode, Note 5) t msfs -20 - 20 ns
SCLK Period (SLAVE mode) t sclkw 165 - - ns
SCLK Pulse Width Low (SLAVE mode) t sclkl 60 - - ns
SCLK Pulse Width High (SLAVE mode) t sclkh 60 - - ns
SCLK rising to SDATA valid (SLAVE mode, Note 5) t gss - - 50 ns
L/R edge to MSB valid (SLAVE mode) tIrdss - - 50 ns
Falling SCLK to L/R edge delay (SLAVE mode, Note 5) tsir 30 - - ns
LR edge to falling SCLK setup time (SLAVE mode, Note 5) tgiro 30 - - ns
Falling SCLK to rising FSYNC delay (SLAVE mode, Note 5) t sfs1 30 - - ns
Rising FSYNC to falling SCLK setup time (SLAVE mode, Note 5) t ofs2 30 - - ns
DPD pulse width tpdw |2 X telkw - - ns
DPD rising to DCAL rising tper - - 50 ns
DPD falling to DCAL falling (OWR = Output Word Rate) t pef - 4096 - 1/OWR
Notes: 4. ICLKD rising or falling depends on DPD to L/R timing (see Figure 2).
5. SCLK is shown for CS5336, CS5338. SCLK is inverted for CS5339.
6. Specifies minimum output word rate (OWR) of 1 kHz.
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RECOMMENDED OPERATING CONDITIONS
(AGND, LGND, DGND = 0V; all voltages with respect to ground)

Parameter . Symbol Min Typ Max Units
DC Power Supplies: Positive Digital VD+ 4.75 5.0 VA+ \
Positive Logic V0L+ 4.75 5.0 VA+ \"
Positive Analog VA+ 475 5.0 5.25 \
Negative Analog VA- —4.75 -5.0 —5.25 \"
Analog Input Voltage (Note 7) VAIN -3.68 - 3.68 v

Notes: 7. The ADCs accept input voltages up to the analog supplies (VA+, VA-). They will produce a positive
full-scale output for inputs above 3.68 V and negative full-scale output for inputs below -3.68 V. These
values are subject to the gain error tolerance specification. Additional tag bits are output to indicate
the amount of overdrive. )

: T Ferrite Bead a % * % +9 Plata
+5V Analog | 01 uF 0.1 pF == = 1uF
* i1 F i 0.1 eF \/\é\:\z\ -
W A =
v, s> |
og| VA+ VL+ VD+ APD 6 Power Down
) VREF 10 & Calibrate
N {1;10 KF < 0.1 uF oPD [ Control
ACAL E
Left Analog Input 2 DCAL
* AINL CS5336 13
51Q € 10 nF SMODE Mode
Right Analog Input o7
Py AINR CS5339
51Q 10 nF 16 Audio
V4 A/D CONVERTER oo, Data
. Processor
?
- | 14
3 &
LR
ZEROL 15 Timing
26 SCLK 17 Logic
ZEROR FsYNe [ & Clock
L AGND ICLKD
21
CLKD g
v 8 ° 23 1 Ferrite bead may
—InC ICLKA be used if VD+ is
22| derived from VA+.
NC If used, do not drive
any other logic
VA+ VA- LGND DGND TST from VD+.
J_ 5 .JEA' _ﬁg ALH An example ferrite
-5V Analog = = = bead is Permag
Dulleial - - - VK200-2.5/52

e L L

Figure 1. Typical Connection Diagram
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GENERAL DESCRIPTION

The CS5336, CS5338, and CS5339 are 16-bit, 2-
channel A/D converters designed specifically for
stereo digital audio applications. The devices use
two one-bit delta-sigma modulators which simul-
taneously sample the analog input signals at a 64
X sampling rate. The resulting serial bit streams
are digitally filtered, yielding pairs of 16-bit val-
ues. This technique yields nearly ideal conversion
performance independent of input frequency and
amplitude. The converters do not require difficult-
to-design or expensive anti-alias filters, and do
not require external sample-and-hold amplifiers or
a voltage reference.

An on-chip voltage reference provides for an in-
put signal range of * 3.68 volts. Any zero offset is
internally calibrated out during a power-up self-
calibration cycle. Output data is available in serial
form, coded as 2’s complement 16-bit numbers.
Typical power consumption of only 400 mW can
be further reduced by use of the power-down
mode.

For more information on delta-sigma modulation
and the particular implementation inside these
ADCs, see the references at the end of this data
sheet.

_ OCLKD/
LR | CMODE | ICLKD | ICLKA | scLk
(kHz) (MHz) | (MHzZ) | (MHz)
32 low 8.192 | 4.096 | 2.048
32 high 12.288 | 4.096 | 2.048
441 fow 11.2896 | 5.6448 |2.8224
44.1 high | 16.9344 | 56448 |2.8224
48 fow 12288 | 6.144 | 3.072
48 high 18.432 | 6.144 | 3.072

Table 1. Common Clock Frequencies

SYSTEM DESIGN

Very few external components are required to
support the ADC. Normal power supply decou-
pling components, voltage reference bypass
capacitors and a single resistor and capacitor on
each input for anti-aliasing are all that’s required,
as shown in Figure 1.

Master Clock Input

The master input clock (ICLKD) into the ADC
runs the digital filter, and is used to generate the
modulator sampling clock. ICLKD frequency is
determined by the desired Output Word Rate
(OWR) and the setting of the CMODE pin.
CMODE high will set the required ICLKD fre-
quency to 384 X OWR, while CMODE low will
set the required ICLKD frequency to 256 X
OWR. Table 1 shows some common clock fre-
quencies. The digital output clock (OCLKD) is
always equal to 128 X OWR, which is always
2 X the input sample rate. OCLKD should be
connected to ICLKA, which controls the input
sample rate.

The phase alignment between ICLKD and
OCLKD is determined as follows: when CMODE

0 1 2 3 4 5 6 7
ICLKD
Input
DPD
Input )
/YR 1 . % .
Input )
L N S A

OCLKD

Output

LR 2 . |
Input

OCLKD »

Output

* DPD low is recognized on the next ICLKD rising edge (#0)
** L/R rising before ICLKD rising #2 causes OCLKD -1
*** LR rising after ICLKD rising #2 causes OCLKD - 2

Figure 2. ICLKD to OCLKD Timing with CMODE
high (384 X OWR)
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Figure 3. Data Output Timing - MASTER mode
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FSYNC | % | | % | é [ % [
Input (high) | % | | % | % [ [ % |
. . . -
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R R | T
" SCLK for CS5336/8. . SO T T "
SCLK inverted for ‘. Left Audio Data  Tag Bits Left Data Tag Right Audio Data  Tag Bits Right Data Tag

CS5339

Figure 4. Data Output Timing - SLAVE Mode, FSYNC high

is low, ICLKD is divided by 2 to generate
OCLKD. The phase relationship between ICLKD
and OCLKD is always the same, and is shown in
the Switching Characteristics Timing Diagrams.
When CMODE is high, OCLKD is ICLKD di-
vided by 3. There are two possible phase
relationships between ICLKD and OCLKD,
which depend on the start-up timing between
DPD and L/R, shown in Figure 2.

Serial Data Interface

The serial data output interface has 3 possible
modes of operation: MASTER mode, SLAVE
mode with FSYNC high, and SLAVE mode with
FSYNC controlled. In MASTER mode, the A/D

converter is driven from a master clock (ICLKD)
and outputs all other clocks, derived from ICLKD
(see Figure 3). Notice the one SCLK cycle delay
between L/R edges and FSYNC rising edges.
FSYNC brackets the 16 data bits for each chan-
nel.

In SLAVE mode; L/R and SCLK are inputs. L/R
must be externally derived from ICLKD, and’
should be equal to the Output Word Rate. SCLK
should be equal to the input sample rate, which is
equal to OCLKD/2. Other SCLK frequencies are
possible, but may degrade dynamic range because
of interference effects. Data bits are clocked out
via the SDATA pin using the SCLK and L/R in-
puts. The rising edge of SCLK causes the ADC to

3-46
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V. V/ % % % V
_ 7 7 77— % Z Z
un . % . . .
/ 7 = 7 7
. 11%01 2%15 1617181920% %01 2%15 1617181920%
SCLK
/ / . / /
% 7 - 7 %
FSYNC | 7 7 | | o 7 7 [ | 2|
A | o s anw = | Y+
7 7 71 7 7 =
ggt”f 15% 15'14‘ é1 |o T2’T1 lTo Z 15% 15 }14J Z 1 ]o T2|T1 ‘TO LZ
pu 7 0 7 — 7 o
| | | | | | |
' Left AudioData  TagBits LeftData  RightAudioData  TagBits  Right Data

* SCLK for CS5336/8.
SCLK inverted for CS5339

Tag

Rising FSYNC enables
SCLK to clock out SDATA

Tag

.
Falling FSYNC stops SCLK from
clocking out SDATA

Figure 5. Data Output Timing - SLAVE Mode, FSYNC controlled

output each bit, except the MSB, which is clocked
out by the L/R edge. As shown in Figure 4, when
FSYNC is high, serial data bits are clocked imme-
diately following the L/R edge.

In SLAVE mode with FSYNC controlled, as
shown in Figure 5, when FSYNC is low, only the
MSB is clocked out after the L/R edge. With
FSYNC low, SCLK is ignored. When it is desired
to start clocking out data, bring FSYNC high
which enables SCLK to start clocking out data.
Bringing FSYNC low will stop the data being
clocked out. This feature is particularly useful to

Input Level T2 |T1|TO
1.375 x FS 1111
1250 xFSto 1.375xFS | 1 |1 | 0O
1.125.x FSto 1.250xFS | 1 | 0 | 1
1.000xFSto1.125xFS | 1 |0 | O
-1.006dB to 0.000dB 011
-3.060dB to -1.006dB 010
-6.000dB to -3.060dB 0|01
< -6.000dB 0(0]0

FS = Full Scale (0dB) Input

Table 2. Tag Bit Definition

position in time the data bits onto a common se-
rial bus.

The serial nature of the output data results in the
left and right data words being read at different
times. However, the words within an L/R cycle
represent simultaneously sampled analog inputs.

In all modes, additional bits are output after the
data bits: 3 tag bits and a left/right indicator. The
tag bits indicate a near-to-clipping input condition
for the data word to which the tag bits are at-
tached. Table 2 shows the relationship between
input level and the tag bit values. The serial bit
immediately following the tag bits is O for the
left channel, and 1 for the right channel. The re-
maining bits before the next L/R edge will be 1’s
for the left channel and 0’s for the right channel.
Normally, the tag bits are separated from the
audio data by the digital signal processor. How-
ever, if the tag bits are interpreted as audio data,
their position below the LSB would result as a
very small dc offset.

In all modes, SCLK is shown for the CS5336 and
CS5338, where data bits are clocked out on rising
edges. SCLK is inverted for the CS5339.

DS23F1
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Certain serial modes align well with various inter-
face requirements. A CS5339 in MASTER mode,
with an inverted L/R signal, generates IS
(Philips) compatible timing. A CS5336 in MAS-
TER mode, using FSYNC, interfaces well with a
Motorola DSP56000. A CS5336 in SLAVE mode
emulates a CS5326 style interface, and also links
up to a DSP56000 in network mode.

Analog Connections

The analog inputs are presented to the modulators
via the AINR and AINL pins. The analog input
signal range is determined by the internal voltage
reference value, which is typically -3.68 volts.
The input signal range therefore is typically
+ 3.68 volts.

The ADC samples the analog inputs at
3.072 MHz for a 12.288 MHz ICLKD (CMODE
low). For the CS5336, the digital filter rejects all
noise between 26 kHz and (3.072 MHz-26 kHz).
For the CS5338 and CS5339, the digital filter re-
jects all noise between 28 kHz and
(3.072 MHz-28 kHz). However, the filter will not
reject frequencies right around 3.072 MHz (and
multiples of 3.072 MHz). Most audio signals do
not have significant energy at 3.072 MHz. Never-
theless, a 51 Q resistor in series with the analog
input, and a 10-nF NPO or COG capacitor to
ground will attenuate any noise energy at 3.072
MHz, in addition to providing the optimum
source impedance for the modulators. The use of
capacitors which have a large voltage coefficient
(such as general purpose ceramics) should be
avoided since these can degrade signal linearity. If
active circuitry. precedes the ADC, it is recom-

f— Cal Period

| (4096 x /R clocks) | !
(85.33 ms @ 48kHz)

mended that the above RC filter is placed between
the active circuitry and the AINR and AINL pins.
The above example frequencies scale linearly with
output word rate.

The on-chip voltage reference output is brought
out to the VREF pin. A 10 uF electrolytic capaci-
tor in parallel with a 0.1 uF ceramic capacitor
attached to this pin eliminates the effects of high
frequency noise. Note the negative value of
VREF when using polarized capacitors. No load
current may be taken from the VREF output pin.

The analog input level used as zero during the
offset calibration period (described later) is input
on the ZEROL and ZEROR pins. Typically, these
pins are directly attached to AGND. For the ulti-
mate in offset nulling, networks can be attached to
ZEROR and ZEROL whose impedances match
the impedances present on AINL and AINR.

Power-Down and Offset Calibration

The ADC has a power-down mode wherein typi-
cal consumption drops to 150 pW. In addition,
exiting the power-down state initiates an offset
calibration procedure.

APD and DPD are the analog and digital power-
down pins. When high, they place the analog and
digital sections in the power-down mode.
Bringing these pins low takes the part out of
power-down mode. DPD going low initiates a
calibration cycle. If not using the power down
feature, APD should be tied to AGND. When us-
ing the power down feature, DPD and APD may
be tied together if the capacitor on VREF is not

— [ Filter Delay Time

(~40 L/R periods)
(-2ms @ 48 kHz)

Loy
Loy

Normal Operation

DPD , !

DCAL

\'

Figure 6. Initial Calibration Cycle Timing
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greater than 10 pF, as stated in the "Power-Up
Considerations" section.

During the offset calibration cycle, the digital sec-
tion of the part measures and stores the value of
the calibration input of each channel in registers.
The calibration input value is subtracted from all
future outputs. The calibration input may be ob-
tained from either the analog input pins (AINL
and AINR) or the zero pins (ZEROL and
ZEROR) depending on the state of the ACAL pin.
With ACAL low, the analog input pin voltages are
measured, and with ACAL high, the zero pin volt-
ages are measured.

As shown in Figure 6, the DCAL output is high
during calibration, which takes 4096 L/R clock
cycles. If DCAL is connected to the ACAL input,
the calibration routine will measure the voltage on
ZEROR and ZEROL. These should be connected
directly to ground or through a network matched
to that present on the analog input pins. Internal
offsets of each channel will thus be measured and
subsequently subtracted.

Alternatively, ACAL may be permanently con-
nected low and DCAL utilized to control a
multiplexer which grounds the user’s front end.
In this case, the calibration routine will measure
and store not only the internal offsets but also
any offsets present in the front end input circuitry.

During calibration, the digital output of both
channels is forced to a 2’s complement zero. Sub-
traction of the calibration input from conversions
after calibration substantially reduces any
power-on click that might otherwise be experi-
enced. A short delay of approximately 40 output
words will occur following calibration for the
digital filter to begin accurately tracking audio
band signals.

Power-up Considerations

Upon initial application of power to the supply
pins, the data in the calibration registers will be
indeterminate. A calibration cycle should always
be initiated after application of power to replace
potentially large values of data in these registers
with the correct values.

The modulators settle very quickly (a matter of
microseconds) after the analog section is powered
on, either through the application of power, or by
exiting the power-down mode. The voltage refer-
ence can take a much longer time to reach a final
value due to the presence of large external capaci-
tance on the VREF pin; allow approximately
5 ms/UE. The calibration period is long enough to
allow the reference to settle for capacitor values
of up to 10 UF. If a larger capacitor is used, addi-
tional time between APD going low and DPD
going low should be allowed for VREF settling
before a calibration cycle is initiated.

Grounding and Power Supply Decoupling

As with any high resolution converter, the ADC
requires careful attention to power supply and
grounding arrangements if its potential perform-
ance is to be realized. Figure 1 shows the
recommended power arrangements, with VA+,
VA- and VL+ connected to a clean =5 V supply.
VD+, which powers the digital filter, may be run
from the system +5V logic supply, provided that
it is not excessively noisy (< * 50 mV pk-to-pk).
Alternatively, VD+ may be powered from VA+
via a ferrite bead. In this case, no additional de-
vices should be powered from VD+. Analog
ground and digital ground should be connected
together near to where the supplies are brought
onto the printed circuit board. Decoupling capaci-
tors should be as near to the ADC as possible,
with the low value ceramic capacitor being the
nearest.

DS23F1
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The printed circuit board layout should have sepa-
rate analog and digital regions and ground planes,
with the ADC straddling the boundary. All sig-
nals, especially clocks, should be kept away from
the VREF pin in order to avoid unwanted cou-
pling into the modulators. The VREF decoupling
capacitors, particularly the 0.1 uF, must be posi-
tioned to minimize the electrical path from VREF
to Pin 1 AGND and to minimize the path between
VREF and the capacitors. An evaluation board is
available which demonstrates the optimum layout
and power supply arrangements, as well as allow-
ing fast evaluation of the ADC.

To minimize digital noise, connect the ADC digi-
tal outputs only to CMOS inputs.

Synchronization of Multiple CS5336/8/9

In systems where multiple ADC’s are required,
care must be taken to insure that the ADC internal
clocks are synchronized between converters to in-
sure simultaneous sampling. In the absence of this
synchronization, the sampling difference could be
one. ICLKD period which is typically 81.4 nsec
for a 48 kHz sample rate.

SLAVE MODE

Synchronous sampling in the slave mode is
achieved by connecting all DPD and APD pins to
a single control signal and supplying the same
ICLKD and L/R to all converters.

MASTER MODE

The internal counters of the CS5336/8/9 are reset
during DPD/APD high and will start simultane-
ously by insuring that the release of DPD/APD
for all converters is internally latched on the same
rising edge of ICLKD. This can bé achieved by
connecting all DPD/APD pins to the same
control signal and insuring that the DPD/APD
falling edge occurs outside a *30 ns window
either side of an ICLKD rising edge.

CS5336, CS5338, CS5339

PERFORMANCE

FFT Tests

For FFT based tests, a very pure sine wave is pre-
sented to the ADC, and an FFT analysis is
performed on the output data. The resulting spec-
trum is a measure of the performance of the ADC.

Figure 7 shows the spectral purity of the CS5336
with a 1 kHz, -10 dB input. Notice the low noise
floor, the absence of any harmonic distortion, and
the Dynamic Range value of 95.41 dB.

Figure 8 shows the CS5336 high frequency per-
formance. The input signal is a -10 dB, 9 kHz
sine wave. Notice the small 2nd harmonic at
110 dB down.

Figure 9 shows the low-level performance of the
CS5336. Notice the lack of any distortion compo-
nents. Traditional R-2R ladder based ADC’s can
have problems with this test, since differential
non-linearities around the zero point become very
significant. Figure 10 shows the same very low
input amplitude performance, but at 9kHz input
frequency.
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Figure 7. CS5336 FFT Plot with -10 dB, 1 kHz Input
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Figure 9. CS5336 FFT Plot with -80 dB, 1 kHz Input

DNL Tests

A Differential Non-Linearity test is also shown.
Here, the converter is presented with a linear
ramp signal. The resulting output codes are
counted to yield a number which is proportional
to the codewidth. A plot of codewidth versus code
graphically illustrates the uniformity of the
codewidths. Figure 11 shows the excellent Differ-
ential Non-Linearity of the CS5336. This plot

CS5336, CS5338, CS5339
o]

T Output Word Rate: 48 kHz

204 - - - - - _ Full Scale: 7.3 Vp-p

S . S/(N+D): 85.03 dB

404 - - - - - - - - _ Dynamic Range: 95.033 dB
Signal B0 - - - (d to 20 kHz)
Amplitude
Relative to
Full Scale
(dB)

12 16
Input Frequency (kHz)

Figure 8. CS5336 FFT Plot with -10 dB, 9 kHz Input
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Figure 10. CS5336 FFT Plot with -80 dB, 9 kHz Input

displays the worst case positive and negative er-
rors in each of 512 groups of 128 codes.
Codewidths typically are within + 0.2 LSB’s of
ideal. A delta-sigma modulator based ADC has no
inherent mechanism for generating DNL errors.
The residual small deviations shown in Figure 11
are a result of noise. Nevertheless, the perform-
ance shown is extremely good, and is superior to
typical R-2R ladder based designs.
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Figure 11. CS5336 Differential Non-Linearity Plot

Digital Filter

Figures 12 through 17 show the performance of
the digital filter included in the ADC. All the plots
assume an output word rate of 48 kHz. The filter Schematic & Layout Review Service
frequency response will scale precisely with

changes in output word rate. The passband ripple Confirm Optimum

is flat to = 0.01 dB maximum. Stopband rejection Schematic & Layout

is greater than 80 dB. ' Before Building Your Board.
Figures 12,14 &16 show the CS5338 and CS5339 For Our Free Review Service
filter characteristics. Figure 17 is an expanded Call Applications Engineering.

view of the transition band.

Call:(512)445-7222

Figures 13,15 & 17 show the CS5336 filter char-
acteristics. Figure 17 is an expanded view of the
transition band. '
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Figure 17. CS5336 Digital Filter Transition Band
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PIN DESCRIPTIONS

——
ANALOG GROUND AGND (1 2 [1 VREF VOLTAGE REFERENCE OUTPUT
LEFT CHANNEL ANALOG INPUT  AINL ]2 27 1 AINR  RIGHT CHANNEL ANALOG INPUT
LEFT CHANNEL ZERO INPUT ZEROL (3 26 1 ZEROR RIGHT CHANNEL ZERO INPUT
POSITIVE ANALOG POWER  VA+ [+ 2 [1 VL+ ANALOG SECTION LOGIC POWER
NEGATIVE ANALOG POWER VA- Os 2¢ 1 LGND ANALOG SECTION LOGIC GROUND
ANALOG POWER DOWN INPUT  APD [js 23 1 ICLKA ANALOG SECTION CLOCK INPUT
ANALOG CALIBRATE INPUT ACAL [l 22 NC NO CONNECT
NO CONNECT NC O 21 E OCLKD DIGITAL SECTION OUTPUT CLOCK
DIGITAL CALIBRATE OUTPUT DCAL Cl¢ 20 7 ICLKD DIGITAL SECTION CLOCK INPUT
DIGITAL POWER DOWN INPUT  DPD [ 1 0 DGND DIGITAL GROUND
TEST TST On B 1 VD+ DIGITAL SECTION POSITIVE POWER
SELECT CLOCK MODE CMODE [ 2 17 B FSYNC FRAME SYNC SIGNAL
SELECT SERIAL /O MODE SMODE 0O 1 SDATA SERIAL DATA OUTPUT
LEFT/RIGHT SELECT R Cjw 18 SCLK SERIAL DATA CLOCK

Power Supply Connections

VA+ - Positive Analog Power, PIN 4.
Positive analog supply. Nominally +5 volts.

VL+ - Positive Logic Power, PIN 25.
Positive logic supply for the analog section. Nominally +5 volts.

VA- - Negative Analog Power, PIN 5.
Negative analog supply. Nominally -5 volts.

AGND - Analog Ground, PIN 1.
Analog ground reference.

LGND - Logic Ground, PIN 24
Ground for the logic portions of the analog section.

VD+ - Positive Digital Power, PIN 18.
Positive supply for the digital section. Nominally +5 volts.

DGND - Digital Ground, PIN 19.
Digital ground for the digital section.

Analog Inputs

AINL, AINR - Left and Right Channel Analog Inputs, PINS 2, 27
Analog input connections for the left and right input channels. Nominally +3.68 volts full
scale.
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ZEROL, ZEROR - Zero Level Inputs for Left and Right Channels, PINS 3, 26.
Analog zero level inputs for the left and right channels. The levels present on these pins
can be used as zero during the offset calibration cycle. Normally connected to AGND,
optionally through networks matched to the analog input networks.

Analog Outputs

VREF - Voltage Reference Output, PIN 28.
Nominally -3.68 volts. Normally connected to a 0.1uF ceramic capacitor in parallel with a
10uF or larger electrolytic capacitor. Note the negative output polarity.

Digital Inputs

ICLKA - Analog Section Input Clock, PIN 23.
This clock is internally divided by 2 to set the modulators’ sample rate. Sampling rates,
output rates, and digital filter characteristics scale to ICLKA frequency. ICLKA frequency
is 128 X the output word rate. For example, 6.144 MHz ICLKA corresponds to an output
word rate of 48 kHz per channel. Normally connected to OCLKD.

ICLKD - Digital Section Input Clock, PIN 20.
This is the clock which runs the digital filter. ICLKD frequency is determined by the
. required output word rate and by the CMODE pin. If CMODE is low, ICLKD frequency
should be 256 X the desired output word rate. If CMODE is high, ICLKD should be
384 X the desired output word rate. For example, with CMODE low, ICLKD should be
12.288 MHz for an output word rate of 48 kHz. This clock also generates OCLKD,
which is always 128 X the output word rate.

APD - Analog Power Down, PIN 6.
Analog section power-down command. When high, the analog circuitry is in power-down
mode. APD is normally connected to DPD when using the power down feature. If power
down is not used, then connect APD to AGND.

DPD - Digital Power Down, PIN 10
Digital section power-down command. Bringing DPD high puts the digital section into
power-down mode. Upon returning low, the ADC starts an offset calibration cycle. This
takes 4096 L/R periods (85.33 ms with a 12.288 MHz ICLKD). DCAL is high during the
calibrate cycle and goes low upon completion. DPD is normally connected to APD when
using the power down feature. A calibration cycle should always be initiated after
applying power to the supply pins. :

ACAL - Analog Calibrate, PIN 7.
Analog section calibration command. When high, causes the left and right channel
.modulator inputs to be internally connected to ZEROL and ZEROR inputs respectively.
May be connected to DCAL.
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CMODKE - Clock Mode Select, PIN 12.
CMODE should be tied low to select an ICLKD frequency of 256 X the output word rate.
CMODE should be tied high to select an ICLKD frequency of 384 X the output word
rate.

SMODE - Serial Interface Mode Select, PIN 13.
SMODE should be tied high to select serial interface master mode, where SCLK, FSYNC
and L/R are all outputs, generated by internal dividers operating from ICLKD. SMODE
should be tied low to select serial interface slave mode, where SCLK, FSYNC and L/R
are all inputs. In slave mode, L/R, FSYNC and SCLK need to be derived from ICLKD
using external dividers.

Digital Outputs

SDATA - Serial Data Output, PIN 16.
Audio data bits are presented MSB first, in 2’s complement format. Additional tag bits,
which indicate input overload and left/right channel data, are output immediately
following each audio data word.

DCAL - Digital Calibrate Output, PIN 9.
DCAL rises immediately upon entering the power-down state (DPD brought high). It
returns low 4096 L/R periods after leaving the power down state (DPD brought low),
indicating the end of the offset calibration cycle (which = 85.33 ms with a 12.288 MHz
ICLKD). May be connected to ACAL.

OCLKD - Digital Section Qutput Clock, PIN 21.
OCLKD is always 128 X the output word rate. Normally connected to ICLKA.

Digital Inputs or Qutputs

SCLK - Serial Data Clock, PIN 15.
Data is clocked out on the rising edge of SCLK for the CS5336 and CS5338. Data is
clocked out on the falling edge of SCLK for the CS5339.

In master mode (SMODE high), SCLK is a continuous output clock at 64 X the output
word rate.

In: slave mode (SMODE low), SCLK is an input, which requires a continuously supplied
clock at any frequency from 32 X to 128 X the output word rate (64 X is preferred).
When FSYNC is high, SCLK clocks out serial data, except for the MSB which appears
on SDATA when L/R changes.
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L/R - Left/Right Select, PIN 14.

In master mode (SMODE high), L/R is an output whose frequency is at the output word
rate. L/R edges occur 1 SCLK cycle before FSYNC rises. When L/R is high, left channel
data is on SDATA, except for the first SCLK cycle. When L/R is low, right channel data
is on SDATA, except for the first SCLK cycle. The MSB data bit appears on SDATA one
SCLK cycle after L/R changes.

In slave mode (SMODE low), L/R is an input which selects the left or right channel for
output on SDATA. The rising edge of L/R starts the MSB of the left channel data. L/R
frequency must be equal to the output word rate.

Although the outputs of each channel are transmitted at different times, the two words in
an L/R cycle represent simultaneously sampled analog inputs.

FSYNC - Frame Synchronization Signal, PIN 17.

In master mode (SMODE high), FSYNC is an output which goes high coincident with the
start of the first SDATA bit (MSB) and falls low immediately after the last SDATA audio
data bit (LSB).

In slave mode (SMODE low), FSYNC is an input which controls the clocking out of the
data bits on SDATA. FSYNC is normally tied high, which causes the data bits to be
clocked out immediately following L/R transitions. If it is desired to delay the data bits
from the L/R edge, then FSYNC must be low during the delay period. Bringing FSYNC
high will then enable the clocking out of the SDATA bits. Note that the MSB will be
clocked out based on the L/R edge, independent of the state of FSYNC.

Miscellaneous

NC - No Connection, PINS 8, 22.

These two pins are bonded out to test outputs. They must not be connected to any external
component or any length of PC trace.

TST -Test Input, PIN 11.

Allows access to the ADC test modes, which are reserved for factory use. Must be tied to
DGND.

DS23F1
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PARAMETER DEFINITIONS

Resolution - The total number of possible output codes is equal to 2N where N = the number of bits
in the output word for each channel.

Dynamic Range - Full scale (RMS) signal to broadband noise ratio. The broadband noise is measured
over the specified bandwidth, and with an input signal 60dB below full-scale. Units in decibels.

Signal-to-(Noise plus Distortion) Ratio - The ratio of the rms value of the signal to the rms sum of all
other spectral components over the specified bandwidth (typically 10 Hz to 20 kHz), including
distortion components. Expressed in decibels.

Total Harmonic Distortion - The ratio of the rms sum of all harmonics up to 20 kHz to the rms value
of the signal. Units in percent.

Interchannel Phase Deviation - The difference between the left and right channel sampling times.
Interchannel Isolation - A measure of crosstalk between the left and right channels. Measured for
each channel at the converter’s output with the input under test grounded and a full-scale signal

applied to the other channel. Units in decibels.

Interchannel Gain ‘Mismatch - The gain difference between left and right channels. Units in
decibels.

Gain Error - The deviation of the measured full scale amplitude from the ideal full scale amplitude
value. '

Gain Drift - The change in gain value with temperature. Units in ppm/°C.

Bipolar Offset Error - The deviation of the mid-scale transition (111...111 to 000...000) from the ideal
(1/2 LSB below AGND). Units in LSBs. '
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1) "A Stereo 16-bit Delta-Sigma A/D Converter for Digital Audio” by D.R. Welland, B.P. Del Sig-
nore, E.J. Swanson, T. Tanaka, K. Hamashita, S. Hara, K. Takasuka. Paper presented at the 85th
Convention of the Audio Engineering Society, November 1988.

2) " The Effects of Sampling Clock Jitter on Nyquist Sampling Analog-to-Digital Converters, and on "F‘
Oversampling Delta Sigma ADC’s" by Steven Harris. Paper presented at the 87th Convention of the
Audio Engineering Society, October 1989.

3) " An 18-Bit Dual-Channel Oversampling Delta-Sigma A/D Converter, with 19-Bit Mono Applica-
tion Example" by Clif Sanchez. Paper presented at the 87th Convention of the Audio Engineering
Society, October 1989.

Ordering Guide

Model Resolution Passband SCLK Temperature Package
CS5336-KP 16-bits 22 kHz T active 0°C to 70 °C 28-pin Plastic DIP
CS5336-BP 16-bits 22 kHz T active -40 to +85 °C 28-pin Plastic DIP
CS5338-KP 16-bits 24 kHz T active 0°C to 70 °C 28-pin Plastic DIP
CS5339-KP 16-bits 24 kHz { active 0°C to 70 °C 28-pin Plastic DIP
CS5336-KS 16-bits 22 kHz T active 0°Cto 70°C  28-pin SOIC
CS5336-BS 16-bits 22 kHz Tactive -40to+85°C  28-pin SOIC
CS5338-KS 16-bits 24 kHz T active 0°C to 70 °C 28-pin SOIC
CS5339-KS 16-bits 24 kHz { active 0°C to 70 °C 28-pin SOIC
CS5336-TC 16-bits 22 kHz Tactive -55to0 +125°C  28-pin Sidebrazed Ceramic DIP
CDB5336 CS5336 Evaluation Board
CDB5338 CS5338 Evaluation Board
CDB5339 CS5339 Evaluation Board
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CDB5336
CDB5338 CDB5339

Evaluation Board for CS5336, CS5338 & CS5339

Features

® Demonstrates recommended layout
and grounding arrangements

® CS8402 Generates AES/EBU, S/PDIF
& CP-340 Compatible Digital Audio

® Buffered Serial Output Interface
® 16-Bit Parallel Output Interface
® Digital and Analog Patch Areas

® On-board or externally supplied system
timing

General Description

The CDB5336, CDB5338 & CDB5339 evaluation
boards allow fast evaluation of the CS5336, CS5338
and CS5339 16-bit, stereo A/D converters. The boards
generate all converter timing signals and provide both
parallel and serial output interfaces. Evaluation re-
quires a digital signal processor, a low-distortion signal
source, and a power supply.

Also included is a CS8402 digital audio transmitter I.C.,
which can generate AES/EBU, S/PDIF & EIAJ CP- 340
compatible audio data.

The evaluation boards may also be configured to ac-
cept external timing signals for operation in a user
application during system development.

ORDERING INFORMATION:
CDB5336, CDB5338, CDB5339

-15V GND +15V GND +5V

EXTCLKIN

9 9 ’ 9 g —'@ FSYNC
ANALOG POWER SUPPLY DIGITAL = =
PATCH REGULATION & PATCH _
AREA CONDITIONING AREA __4.@ UR
CLOCK / TIMING —.@ SCLK
GENERATOR SERIAL
ces5336, = OUTPUT
CS5338, DATA
OFFSET _’? SDATA
OR CALIBRATION L
NETWORK
CS5339
SERIAL TO PARALLEL
A/D CONVERTER PARALLEL f——> OUTPUT
CONVERTER DATA
©S8402 ——@ DpiGITAL
DIGITAL AUDIO AUDIO
Lnepriver |— @ DATA

AUG '93
DS23DB5
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Power Supply Circuitry

The schematic diagram in Figure 1 shows the
evaluation board power supply circuitry. Power
is supplied to the evaluation board by five bind-
ing posts. The +5 Volt analog power supply
inputs of the converter are derived from 15
Volts using the voltage regulators U10 and Ul11.
The +5 VoIt digital supply for the converter and
the discrete logic on the board is provided by the
+5V and DGND binding posts. D1, D2 and D4
are transient suppressors which also provide pro-
tection from incorrectly connected power supply
leads. C25-C28, C30 and C31 provide general
power supply filtering for the analog supplies.
As shown in Figure 2, C10-C13 provide local-
ized decoupling for the converter VA+ and VA-
pins. Note that C13 is connected between VA-
and VA+ and not VA- and AGND. Space for a
ferrite bead inductor, L1, has been provided so
that the board may be modified to power the
converter’s VD+ input directly from the VA+
supply. Note that the trace connecting the VD+
power to the VD+ of the converter must be bro-

ken before L1 may be installed. RS and C7 low-
pass filter the analog logic power supply pin,
VL+. The evaluation board uses both an analog
and a digital ground plane which are connected
at a single point by J1. This ground plane ar-
rangement isolates the board’s digital logic from
the analog circuitry.

Offset Calibration & Reset Circuit

Figure 1, shows the optional offset calibration
circuit provided on the evaluation board. Upon
power-up, this circuit provides a pulse on the
Analog-to-Digital Converter’s DPD pin initiating
an offset calibration cycle. Releasing SW1 also
initiates an offset calibration cycle. P6 (see Fig-
ure 2) selects the signal source used during
offset calibration. In the "AIN" position, the
AINL and AINR inputs are selected during cali-
bration, while in the "ZERO" position, the
ZEROL and ZEROR inputs are selected.

uto

COM

sy ©—e IN 78L05 OUT] VA+
C30 ngs

c27

Ta7ur  Jo22uF 0.47 uF m

AGND (5

|cat [cos

T

_c2s
AGND DGND

47uF  |0.22uF 0.47 uF
com
-15V IN  79L05 OUT) VA-
ut1
D2 = D4 = 1N6276A 1.5KE 9 8 RST
D1 = P6KE-6V8P from Thomson CS8402
U7E
+5V p—— VD+ VD+
ot cs8 c9 D3 RZEQ
1 j— 10|
47uF 01 uF N4148
DGND ] »—» Cal
L SWi1 0.1uF (DPD CS5336)

Figure 1. Power Supply and Reset Circuitry
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1
CS5339 ST 00—
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SCLK
15 2
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“vr NPO ZEROL ZEROR OCLKD ICLKA
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L
L
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Oscillator 14
Module
7 C15
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T 01uF
Figure 2 ADC Connections
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Analog Inputs

As shown in Figure 2, the analog input signals
are connected to the CS5336 via an RC network.
R1 and CI1 provide antialiasing and optimum
source impedance for the right analog input
channel while R2 and C2 do so for the left chan-
nel. The ZEROR and ZEROL inputs are tied to
the analog ground plane on the board as shipped
from the factory, but space is provided for an op-
tional RC section on each. These RC sections
may be added to model the output impedance of
the analog signal source to minimize offset error
during calibration.

Figure 3 shows the optional input buffer circuit.
This can be used as an example input buffer cir-
cuit for your application. If the ADC is driven
from a 50Q source impedance signal generator,
the input buffer amplifiers may be bypassed.
Place P8 and P9 jumpers in the OUT position,
and short circuit R1 and R2. This ensures that
the ADC is driven from a 50 source resis-

AINL @—<

CDB5336,8,9

tance. Also remove U13 op-amp, to remove the
1kQ load impedance.

Timing Generator

P7 selects the master clock source supplied to
the ICLKD pin of the converter. As shipped
from the factory, P7 is set to the "INT" position
to select the 12.288 MHz clock signal provided
by U3. An external master clock signal may be
connected to the EXTCLKIN connector and se-
lected by placing P7 in the "EXT" position. Note
that R6, tied between EXTCLKIN and GND, is
available for impedance matching an external
clock source. The board is shipped with SMODE
high, which selects MASTER timing mode. In
this mode, SCLK, L/R and FSYNC are all out-
puts, generated by the converter from ICLKD.

Serial Qutput Interface
The serial output interface is provided by the

SDATA, SCLK, FSYNC and L/R BNC
connectors on the evaluation board. These out-

1k

o I—» R1, Fig 2

P8

1k
AINR @—4'—/\/\/\/'“4

R23

R24

IN - -

0 I—» R2, Fig 2
7 ' .
. P9

out T

Figure 3. Input Buffer Circuit
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R17 20k = EMO/C9 g
-1 24 1 16
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21 RST RST
Mo o0 RI19 ; s
TXP —— A\ — O
2 m1 110 =5
R20 2
23| M2 o 83
SDATA  FSYNC  TXN oo0—% o
VD+ = 5 ; X 2 2
= SCHOTT 67125450
. g 3 PULSE PE65612
FSYNC 1
CS5336 { m RESET2 _
SDATA >18 %2 b2 2 LR cs5336
74HC08 74HC74
U128 "
8| — CLK ———— FSYNC C85336
° Q2 gero
10
—0
R11
47k
+5V

Figure 4. CS8402 Digital Audio Line Driver Connections

puts are buffered, as shown in Figure 5, in order
to isolate the converter from the digital signal
processor. If slave mode is selected by pulling
SMODE low, then U9 (74HC243) will change to
the opposite direction, and act as an input buffer.
U9 is provided to protect against inadvertent ex-
ternal driving of SCLK, L/R and FSYNC while
in MASTER mode. U9 is not necessary in your
application circuit. '

Jumper P4 allows the board to be configured for
either the CS5336/38, or the CS5339, which
have opposite polarities of SCLK.

Parallel Output Interface

Figure 6 depicts the parallel output interface on
the evaluation board. 16-bit words are assembled
from the serial data output of the converter. Each
bit of serial data is clocked out of the converter
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R 4 FSYNC
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SDATA O—> SDATA

VD+

R10
20k 2

, CS8402

Pin 11
U4, Us
595's

l_ . Pin 6
o o, 5336/38
g ' 5337/39

Figure 5. Serial Output Interface

on the rising edge of SCLK and shifted into the
16-bit shift register formed by U4 and U5 on
SCLK’s falling edge. After all data bits for the
selected channel have been shifted into U4 and
U5 the data is latched onto P1 by a delayed ver-
sion of FSYNC.

P5 selects the channel whose output data will be
converted to parallel form and presented on P1.
With P5 in the "B" (both) position, parallel data
from one channel will be presented first with
data from the other channel presented sub-
sequently. In the "L" (left) position, only left
channel conversions will be presented, while in
the "R" (right) position only right channel con-
versions are presented.

Two interface mechanisms are provided for read-
ing the data from this port. With the first, the
edges of L/R may be used to clock the parallel
data into the digital signal processor. (Set jumper
P2 into the L/R position.) Alternatively, a hand-
shake protocol implemented with DACK and
DRDY may be used to transfer data to the signal

processor. (Set jumper P2 to the DRDY posi-
tion.) The fall of DRDY informs the digital
signal processor that a new data word is avail-
able. The processor then reads the port and
acknowledges the transfer by asserting DACK.
Note that DRDY will not be asserted again un-
less DACK is momentarily brought high
although new data will continue to be latched
onto the port.

Digital Audio Standard Interface

Included on the evaluation board is a CS8402
Digital Audio Line Driver. This device can im-
plement AES/EBU, S/PDIF and EIAJ CP-340
interface standards. Figure 4 shows the sche-
matic for the CS8402. P3 allows the C, U and V
bits to be driven from external logic using the
CBL output for block synchronization. SW2 pro-
vides 8 DIP switches to select various modes
and bits for the CS8402. Table 3 lists the settings
for the professional mode which is the default
setting for the evaluation board from the factory.
The third switch selects between professional

DS23DB5
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Figure 6. Parallel Output Interface

3-66

DS23DB5



-5y CDB5336,8,9
[ e R R e i R s S e S s s

CONNECTOR INPUT/OUTPUT SIGNAL PRESENT
+15 input +15 Volts from power supply
-15 input -15 Volts from power supply
AGND input analog ground connection from power supply
+5 input +5V for ADC VD+ and discrete logic
DGND input digital ground connection from power supply
AINL input left channel analog input
AINR input right channel analog input
EXTCLKIN input external master clock input
LR output/input left /right channel signal
SDATA output serial output data
SCLK output/input serial output clock
FSYNC output/input data framing signal
DIGITAL OUTPUT output CS8402 digital output via transformer
P3 output/input CS8402 C,U,V inputs; CBL output
P1 output parallel output data

Table 1. System Connections

JUMPER PURPOSE POSITION FUNCTION SELECTED
P6 selects offset calibration AIN AINL and AINR selected during
input source offset calibration

*ZERO ZEROL and ZEROR selected during
offset calibration

P7 selects master clock source *INT CLKIN provided by U3

fi 26 CLKI

or 85526 CLKIN EXT CLKIN provided by EXTCLKIN BNG
P5 selects channel for serial to L left channel data presented on P1

parallel conversion right channel data presented on P1

B left then right channel data
alternately presented on P1

P2 selects L/R or DRDY as the *DRDY DRDY selected to signal the arrival of
output status signal presented new data for the selected channel
on P1 _ _
L/R L/R selected
P8, P9 selects optional input buffers *IN Buffer amplifier in circuit
ouT Buffer amplifier bypassed
P4 selects device type 5337/39 | Correct SCLK for CS5337 & CS5339

5336/38 Correct SCLK for CS5336 & CS5338

* Default setting from factory

Table 2. Jumper Selectable Options i
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Switch# | 0=Closed, 1=Open ] Comment
3 PRO=0 Professional Mode, CO=1 (default)
1 CRE Local Sample Address Counter & Reliability Flags
default 0 Disabled
1 Internally Generated (channel status bytes 14-17 and byte 22)
5,2 Cs6, C7 C6,C7 - Sample Frequency
1 1 00 - Not Indicated - Default to 48 kHz
default 1 0 01 - 48 kHz
o 1 10 - 44.1 kHz
0 o0 11 - 32 kHz
4 c1 C1 - Audio
default 1 0 - Normal Audio
0 1 - Non-Audio
6 co ©8,C9,C10,C11 - Channel Mode (1 of 4 bits)
1 0000 - Not indicated - Default to 2-channel
default 0 0100 - Stereophonic
8,7 EM1, EMO C2,C3,C4 - Emphasis
default 1 1 000 - Not Indicated - default to none
1 0 100 - No emphasis
o 1 110 - 50/15 pus
0o o0 111 - CCITT J.17

Table 3. CS8402 Switch Definitions - Professional Mode

and consumer modes; however, the CS8402 out-
put to the transformer must be modified, as
shown below Table 4, to be compatible with the
consumer interface. Table 4 lists the switch set-
tings for consumer mode. If the C input of
connector P3 is used, the input bits are logically
OR’ed with the appropriate DIP switch bits. In
Tables 3 and 4, the ’C’ bits listed in the com-
ment section are taken from the Digital Audio
Interface specifications. As an example, switch 6
in the professional mode (Table 3) controls C9
which is the inverse of channel status bit 9 (also
listed as byte 1, bit 1 in the CS8402 data sheet).
Channel status bit 9 is one of four bits indicating
channel mode. Therefore, using DIP switch 6,
only two of the available channel modes may be
selected. The C input port on connector P3 may
be used to select other channel modes. See the

CS8401 & CS8402 part data sheet for more in-
formation on the operation of the CS8402.
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Switch# | 0=Closed, 1=Open Comment
3 PRO=1 Consumer Mode, C0=0 (Note 1)
1,4 FC1, FCo C24,025,C26,C27 - Sample Frequency (encoded 2 of 4 bits)

0o 0 0000 - 44.1 kHz

0 1 0100 - 48 kHz

1 0 1100 - 32 kHz

1 1 0000 - 44.1 kHz, CD Mode

2 c3 C3,C4,C5 - Emphasis (1 of 3 bits)

000 - None
100 - 50/15 ps

2 ' C2 - Copy/Copyright

1 0 - Copy Inhibited/Copyright Asserted
0 1 - Copy Permitted/Copyright Not Asserted

6 Ci15 C15 - Generation Status

1 0 - Definition is based on category code.
0 1- See CS8402 Data Sheet, Appendix A

8, C9 C8-C14 - Category Code (2 of 7 bits)

1 0000000 - General

0 0100000 - PCM encoder/decoder

1 1000000 - Compact Disk - CD .
0 0 1100000 - Digital Audio Tape - DAT

Note: 1. The evaluation board is shipped from the factory in the Professional mode. Changing switch 3 to
' open places the CS8402 in Consumer mode; however, the hardware is not set up for consumer
mode. To modify the hardware for Consumer mode, change R19 to 374Q and add R20 at 90.9Q.
Then, as shown in the figure below, cut the trace connecting TXN to the transformer, and connect
the transformer side to the ground hole provided. For a full explanation of the consumer hardware
interface, see the CS8402 data sheet, Appendix B.

8,7

Table 4. CS8402 Switch Definitions - Consumer Mode

S R19
R P S
L= 374Q w5
.+ CS8402 55
g U2 . 90.90 = R20 23
‘- TXN o
T SCHOTT 67125450
PULSE PE65612
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Semiconductor Corporation

CS5345

Low Power, Stereo A/D Converter for Digital Audio

Features

e Single +5 V Power Supply
e 91 dB Dynamic Range

e Linear Phase Digital Anti-Alias Filtering
0.05dB Passband Ripple
73.5dB Stopband Rejection

e Low Power Dissipation: 100 mW
Power-Down Mode for Portable
Applications

e Complete CMOS Stereo A/D System
Delta-Sigma A/D Converters
Digital Anti-Alias Filtering
S/H Circuitry and Voltage Reference

e Adjustable System Sampling Rates
including 32kHz, 44.1 kHz & 48kHz

e Internal 64X Oversampling
e Evaluation Board Available

General Description

The CS5345 is a complete stereo analog-to-digital con-
verter which performs anti-alias filtering, sampling and
analog-to-digital conversion generating 16-bit values for
both left and right inputs in serial form. The output
word rate can be up to 50 kHz per channel.

The CS5345 operates from a single +5V supply and
requires only 100 mW for normal operation, making it
ideal for battery-powered applications.

The ADC uses delta-sigma modulation with 64X over-
sampling, followed by digital filtering and decimation,
which removes the need for an external anti-alias filter.
The linear-phase digital filter has a passband of dc to
22 kHz, 0.05 dB passband ripple and >73.5 dB stop-
band rejection.

The device is available in a 0.3" wide 28-pin SOIC sur-
face mount package. .

ORDERING INFORMATION: :
Package Type

Model Temp. Range
CS5345-KS 0° to 70°C 28-pin plastic SOIC
CDB5345 Evaluation Board

VREF MCLK FSYNC SCLK L/R

24 ; 10 I 18 12 11

25 13
VCOM <€ Voltage Reference o 7Y SDATA
Serial Output Interface 479 CMODE
SMODE

LY
h
H - Digital Decimation
Filter

1 Comparator

DAC |

Digital Decimation
Filter

AINR+ ii:
AINR- &5

AGND &5 | Comparator Calibration Calibration
DAC | Microcontroller SRAM

423 415 8 414 %16

VA+ VD+ PD VS+ DGND

Preliminary Product Information

This document contains information for a new product. Crystal
Semiconductor reserves the right to modify this product without notice.

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

c o SEPT '93
Copyright © Crystal Semiconductor Corporation 1993
(All Rights Reserved) DS1 12;5;
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ANALOG CHARACTERISTICS (14 = 25°C; VA+, VS+, VD+ = 5V; Full-Scale Input Sinewave,

1kHz; Output word rate = 48 kHz; SCLK = 3.072 MHz; Source Impedance = 150Q with 1500 pF across AIN+,
AIN-; Measurement Bandwidth is 10 Hz to 20 kHz unless otherwise specified, Logic 0=0V, Logic 1=VD+.)

Parameter Symbol Min Typ Max Units
Resolution 16 - - Bits
Dynamic Performance
Dynamic Range A-weighted - 91 - dB
- 88 - dB
Total Harmonic Distortion+Noise 0dB | THD+N - -86 - dB
-20dB - -68 - dB
-60dB - -28 - dB
Total Harmonic Distortion 0dB| THD - .0018 - %
Interchannel Phase Deviation - 0.0001 - Degree
Interchannel Isolation (dc to 20 kHz) - 100 - dB
dc Accuracy '
Interchannel Gain Mismatch - 0.05 - dB
Gain Error - +2 +5 %
Gain Drift - 60 - ppm/°C
Bipolar Offset Error (After Calibration) - +5 +30 LSB
Analog Input
Differential Input Voltage Range
(Full Scale) (Note 1) VIN 3.46 3.75 4.06 Vpp
Input Impedance ZIN - 85 - kQ
Power Supplies
Power Supply Current VA+ 1A+ - 10.5 16 mA
Normal Operation (VD+) + (VS+)| ID+ - 9.5 14 mA
Power Supply Current VA+| A+ - 50 - A
Power-Down Mode (VD+) + (VS+)| ID+ - 50 - pA
Power Dissipation - 100 150 mwW
Power Down - 0.5 - mw

Notes: 1. The peak-to-peak input voltage range for each input is equal to {(VA+)-VREF}x0.625. The nominal
value for (VA+) - VREF is 3 Volts. The differential peak-to-peak input voltage is equal to twice the
individual voltage range. (See Figure 5)

* Refer to Parameter Definitions at the end of this data sheet.

Specifications are subject to change without notice.
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DIGITAL FILTER CHARACTERISTICS
(Ta = 25 °C; VA+, VS+, VD+ = 5V * 5%; Output word rate (Fs) of 48 kHz)

Parameter Symbol Min Typ Max Units

Passband . (-0.05 dB) - Oto 18 - kHz

(-2.8 dB) - 0to22 - kHz

(-6.5 dB) - 0 to 24 - kHz
Passband Ripple - - +0.05 dB

Stopband 32 - 3040 kHz
Stopband Attenuation (Note 2) 73.5 - - dB
Group Delay (OWR = Output Word Rate) (Note 3) tgd - 8/OWR - S
Group Delay Variation vs. Frequency Atgd - - 0.0 us

Notes: 2. The analog modulator samples the input at 3.072MHz for an output word rate of 48 kHz. There is
no rejection of input signals which are multiples of the sampling frequency ( n x 3.072MHz +18kHz
where n = 0,1,2,3...).

3. Group delay for OWR = 48kHz, tgd = 8/48kHz = 167us

DIGITAL CHARACTERISTICS
(Ta =25 °C; VA+, VS+, VD+ = 5V £ 5%)

Parameter Symbol Min Typ Max Units
High-Level Input Voltage VIH |70% VD+ - - \
Low-Level Input Voltage ViL - - 30% VD+ \
High-Level Output Voltage at lo = -20 pA VOH 4.4 - - Vv
Low-Level Output Voltage at lo = 20 pA VoL - - 0.1 \"
Input Leakage Current lin - 1.0 - pA

ABSOLUTE MAXIMUM RATINGS(AGND, DGND = 0V, all voltages with respect to ground.)

Parameter Symbol Min Typ Max Units
DC Power Supplies: Positive Analog VA+ -0.3 - +6.0 \

) Positive Digital VD+ -0.3 - . +6.0 \'
Input Current, Any Pin Except. Supplies lin - - +10 mA
Analog Input Voltage VINA -0.3 - (VA+)+0.3 Vv
Digital Input Voltage VIND -0.3 - (VD+)+0.3 V
Ambient Temperature (power applied) TA -55 - +125 °C
Storage Temperature Tstg -65 - +150 °C

WARNING: Operation at or beyond these limits may result in permanent damage to the device.
Normal operation is not guaranteed at these extremes.
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SWITCHING CHARACTERISTICS
(Ta=25°C; VA+, VS+, VD+ =5V £5%; Inputs: Logic 0 = 0V, Logic 1 = VA+, VS+, VD+; CL =20 pF)

Parameter Symbol| Min - Typ Max Units
MCLK Period (CMODE low) o tclkwi | 78.13 - 7813 | ns
'IMCLK Low (CMODE low) , toldi | 3125 - - ns
MCLK High (CMODE low) tclkh1 | 31.25 - - ns
MCLK Period (CMODE high) tclkw2 | 52.0 - 520.8 ns
MCLK Low (CMODE high) telkl2 | 20.83 - - ns
MCLK High (CMODE high) t clkh2 | 20.83 - - ns
L/R duty cycle 25 - 75 %
SCLK Period t sclkw | 312.5 - - ns
SCLK Pulse Width Low t sclkl 100 - - ns
SCLK Pulse Width High t sclkh 100 - - ns
SCLK falling to SDATA valid t dss - - 70 ns
L/R edge to MSB valid t Irdss - - 70 ns
PD pulse width t pdw 150 - - ns
PD falling to SDATA valid t pef - 8224/OWR - s
Rising SCLK to L/R edge delay t sirt 30 - - ns
L/R edge to rising SCLK setup time tsir2 30 - - ns
SCLK Falling to FSYNC delay tfs -70 - +70 ns

RECOMMENDED OPERATING CONDITIONS
(AGND, DGND = 0V; all voltages with respect to ground)

Parameter ‘ Symbol | Min Typ Max | Units
DC Power Supplies: Positive Analog (Note 5) | VA+ 4.75 5.0 5.25 \
Positive Digital VD+ 4.75 5.0 5.25 \
. - Positive Substrate VS+ 4.75 5.0 5.25
Differential Analog Input Voltage (Notes 1&6) | VIN - 3.75 - Vpp
Analog Input Bias Voltage - 0.5VA+ - \

Notes: 5. VD+ must be within 0.3V of VA+.
6. The output codes will clip at full scale with differential input signals >3.75 Vpp.
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Figure 1. Typical Connection Diagram
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GENERAL DESCRIPTION

The CS5345 is a 16-bit, 2-channel A/D converter
designed for stereo digital audio applications that
require a single +5V supply. The device uses two
one-bit delta-sigma modulators which simultane-
ously sample the analog input signals at a 64 X
sampling rate. The resulting serial bit streams are
digitally filtered, yielding pairs of 16-bit values.
This technique yields nearly ideal conversion
performance independent of input frequency and
amplitude. The converters do not require diffi-
cult-to-design or expensive anti-alias filters and
do not require external sample-and-hold amplifi-
ers or a voltage reference.

An on-chip voltage reference provides for a dif-
ferential input signal range of 3.75 Vpp. Offsets
are internally calibrated out during a power-up
self-calibration cycle. Output data is available in
serial form, coded as 2’s complement 16-bit
numbers. Typical power consumption is
100 mW. This can be further reduced to .05 mW
using the power-down mode.

For more information on delta-sigma modulation
and the particular implementation inside this
ADC, see the references at the end of this data
sheet.

LR CMODE MCLK SCLK
(kHz) (MHz) (MHz)
32 fow 8.192 2.048
32 high 12.288 2.048
44.1 low 11.2896 2.8224
44.1 high 16.9344 2.8224
48 low 12.288 3.072
48 high 18.432 3.072

Table 1. Common Clock Frequencies

SYSTEM DESIGN

Very few external components are required to
support the ADC. Normal power supply decou-
pling components, voltage reference bypass
capacitors and a resistor and capacitor on each
input for anti-aliasing are all that’s required, as
shown in Figure 1.

Master Clock Input

The master input clock (MCLK) into the ADC
runs the digital filter and it is used to generate
the delta-sigma modulator sampling clock.
CMODE high will set the required MCLK fre-
quency to 384 X the output word rate (OWR),
while CMODE low will set the required MCLK
frequency to 256 X OWR. Table 1 shows some
common clock frequencies.

Serial Data Interface

The serial data interface has 2 possible modes of
operation. L/R, SCLK and FSYNC are inputs in
both interface modes. L/R must be derived from
MCLK and be equal to the OWR. SCLK should
also be derived from MCLK and be equal to the
delta-sigma modulator sample rate (64 X OWR)
to eliminate the possibility of interference tones
in the output data. An SCLK frequency of 32 X
OWR is possible but may cause interference
tones. Data bits are clocked out via the SDATA
pin using SCLK, L/R and FSYNC inputs. The
serial nature of the output data results in the left
and right data words being read at different
times. However, the words within a L/R cycle
represent simultaneously sampled analog inputs.

Mode 1 (SMODE high) is shown in Figure 2.
The falling edge of SCLK causes the ADC to
output each data bit. Notice the one SCLK cycle
delay between L/R edges and the data MSB.
FSYNC is ignored and should be tied either
High or Low in this mode. Mode 1 is compatible
with I°S.

DS112PP1
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Figure 2. Data Output Timing - Mode 1 (FSYNC High or Low)
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Figure 3. Data Output Timing - Mode 2 - FSYNC High

Mode 2-FSYNC High (SMODE low) is shown
in Figure 3. The falling edge of SCLK causes
the ADC to output each data bit with the excep-
tion of the MSB which is clocked out by the L/R
edge.

In Mode 2-FSYNC Controlled, as shown in Fig-
ure 4, only the MSB is clocked out after the L/R
edge with FSYNC low, SCLK is ignored. When
it is desired to output data, bringing FSYNC
high will enable SCLK to clock out data. This
feature is particularly useful to position the data
bits in time onto a common serial bus.

Analog Connections

Figure 1 shows the analog input connections.
The analog inputs are presented differentially to
the modulators via the AINR+, AINR- and
AINL+, AINL- pins. Each analog input will ac-
cept a maximum of 1.88 Vpp centered at +2.5 V.
The + and - input signals are 180° out of phase
resulting in a differential input voltage of
3.75 Vpp. Figure 5 shows the input signal levels
for full scale. :

The CS5345 samples the analog inputs at
3.072 MHz for a 12.288 MHz MCLK (CMODE
low). The digital filter rejects all noise between
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Figure 4. Data Output Timing- Mode 2 - FSYNC Controlled

32 kHz and (3.072 MHz-32 kHz). However, the
filter will not reject frequencies right around
3.072 MHz (and multiples of 3.072 MHz). Most
audio signals do not have significant energy at
3.072 MHz. Nevertheless, a 150 € resistor in se-
ries with each analog input and a 1500 pF
capacitor across the inputs will attenuate any
noise energy at 3.072 MHz, in addition to pro-
viding the optimum source impedance for the
modulators. The use of capacitors which have a
large voltage coefficient (such as general purpose
ceramics) must be avoided since these will de-
grade signal linearity. NPO, COG and polyester
film capacitors are acceptable. If active circuitry
precedes the ADC, it is recommended that the
above RC filter is placed between the active cir-
cuitry and the AINR and AINL pins. The above
example frequencies scale linearly with output
word rate.

Figure 6 is a suggested active input buffer circuit
which provides a differential signal and level
shifts up to +2.5 V. This circuit has been imple-
mented on the CDB5345 evaluation board which
is available from Crystal Semiconductor.

The on-chip voltage reference ((VA+) - 3.0 V) is
connected to VREF (pin 24). A 4.7 uF electro-
lytic capacitor in parallel with a 0.1 uF ceramic
capacitor attached between VREF and VA+
eliminates the effects of high frequency noise.
Notice that VREF is decoupled to VA+ not
AGND. This requirement is a result of the
modulator sampling between VREF and VA+.
No load current may be taken from the VREF
output pin.

An additional on-chip voltage reference
{(VA+) - 2.5 V)}is connected to VCOM
(pin 25). This output may be used to bias the
analog input circuitry if a high impedance, low-
bias current buffer is used.

Power-Down and Offset Calibration

The ADC has a power-down mode wherein typi-
cal consumption drops to 0.5 mW. PD is the
power down pin for the device. When high, it
places the analog and digital circuitry in the
power-down mode. Bringing this pin low will re-
lease the power-down mode and initiate a
calibration sequence.

DS112PP1
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+3.44V
+2.50V AIN+
+1.56 V
+3.44V
+2.50 V AIN-
+1.56 V
+25V 4 VCOM

Full Scale Input level= (AIN+) - (AIN-)= 3.75 Vpp

Figure 5. Full Scale Input Voltage

The delta-sigma modulator +/- inputs are inter-
nally disconnected from the AIN pins and
shorted together during calibration. The digital
section of the device measures and stores a value
corresponding to the DC offset of each channel
in the calibration registers. This calibration value
is then subtracted from all future conversions
during normal operation. 8224 L/R cycles are re-
quired for a calibration sequence. A short delay
of approximately 18 output words will occur fol-
lowing calibration for the digital filter to begin
accurately tracking audio band signals. During

CS5345

calibration, the digital output of both channels is
forced to a 2’s complement zero.

Power-up Considerations

Upon initial application of power to the supply
pins, the data in the calibration registers will be
indeterminate. A calibration cycle should always
be initiated after application of power to replace
potentially large values of data in these registers
with the correct values.

The modulators settle very quickly (a matter of
microseconds) after the analog section is pow-
ered, either through the application of power or
by . exiting the power-down mode. The voltage
reference takes a longer time to reach a final
value due to the presence of large external ca-
pacitance on the VREF pin. The calibration
period is optimized to allow the reference to set-
tle for capacitor values of up to 4.7 uF. The use
of larger capacitors can cause erroneous calibra-
tion or make the device inoperable and is not
recommended.

AINL-
10k 10k
10k i
10k
ANNEE >_1|0+ F > 5 AINL+
AINR-
10 k 10k
ASDG Lok
INPUT + - 4 AINR
10.UF + _ > AINR+
10k A
AMA— VA+
+
47uF—L——

10k§

Il—m uF

Figure 6. Example Input Buffer Circuit
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Grounding and Power Supply Decoupling -

As with any high resolution converter, the ADC
requires careful attention to power supply and
grounding arrangements if its potential perform-
ance is to be realized. Figure 1 shows the
recommended power arrangements with VA+
connected to a clean +5 V supply. VS+ and VD+
should be powered from VA+ via a ferrite bead
to minimize noise coupling. To further minimize
noise coupling into the ADC, no additional de-
vices should be powered from VD+. Analog
ground and digital ground should be connected
together near to where the supplies are brought
onto the printed circuit board.” Decoupling ca-
pacitors should be as near to the ADC as
possible, with the low value ceramic capacitor
being the nearest.

The printed circuit. board layout should have
separate analog and digital regions and ground
planes, with the ADC straddling the boundary.
All signals, especially clocks, should be kept
away from the VREF pin in order to avoid un-
wanted coupling into the modulators. The
Crystal Semiconductor application note "Layout
and Design Rules for Data Converters" is avail-
able Crystal Semiconductor data books and
should be considered required reading. An evalu-
ation board is available which demonstrates the
optimum layout and power supply arrangements,

-110 e + -
0 40 . 48

16 24 32
Input Frequency (kHz)
Figure 7. CS5345 Digital Filter Stopband Rejection

as well as allowing fast evaluation of the
CS5345.

To minimize digital noise, connect the ADC
digital outputs only to CMOS inputs.

Synchronization of Multiple CS5345

In systems where multiple ADC’s are required,
care must be taken to insure that the ADC inter-
nal clocks are synchronized between converters
to insure simultaneous sampling.

Synchronous sampling is achieved by connecting
all PD pins to a single control signal and supply-
ing the same L/R and MCLK to all converters.

1.0

'
N
o

4

0O 4 8 _ 12 16 20 24
Input Frequency (kHz)

Figure 8. CS5345 Digital Filter Passband Ripple

Magnitude (dB)

32

8 16 24
Input Frequency (kHz)
Figure 9. CS5345 Digital Filter Transition Band

DS112PP1
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PERFORMANCE

Digital Filter

Figures 7, 8, and 9 show the performance of the
digital filter included in the ADC. All the plots
assume an output word rate of 48 kHz. The filter
frequency response will scale precisely with
changes in output word rate. The passband ripple

CRYSTAL FRQRESP FLVL2(dBFS) vs FREQ(Hz)
1.0 Ap
05 -

0.0

25
-3.0
-35

-4.0 -
200 4.02k 8.01k 12.0k 16.0k 20.0k 24.0k

Figure 10. Frequency Response

is flat to £ 0.05 dB maximum.

AMP1(dBFS) vs  FREQ(H2)

20 100 1k

10k 20k

Figure 11. Noise Floor

Performance Measurements

All the following performance‘ measurements
were taken using an Audio Precision System

AMP1(dBFS) vs FREQ(H2) |

o A

10k 20k

Figure 12. 1 kHz -60 dB

One Dual Domain tester. The CS5345 was in a
CDB5345 evaluation board, running at 48 kHz
word rate and interfaced to the System One via
the digital audio interface using a CS8402 trans-
mitter.

FLVL2(dBFS) vs AMPL(dBr)
Ap

20 100 -80 -60 -40 -20 ]

Figure 13. THD+N vs Input Level at 1kHz

Figure 10 shows the CS5345 frequency re-
sponse.

Figure 11 shows the noise floor with zero input
signal level. A 16 K point FFT was used.

Figure 12 shows a 1 kHz, -60 dB input signal
FFT plot. Notice the lack of harmonic distortion
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CRYSTAL THDNFRQ
-60 ——

FLVL2(dBFS) vs FREQ(H2)

]

-70

20 100 1k 10k 20k

Figure 14. THD+N vs Frequency at -1dB

components. This is a direct result of the perfect
differential non-linearity of the delta-sigma ar-
chitecture

CRYSTAL ADLIN FLVL2(dBFS) vs AMPL(dBr)

-120 -100 -80 -80 -40 -20 0

Figure 15. Output Level Error vs Input Level

Figure 13 shows the THD+N versus input level
at 1 kHz. This plot indicates an unweighted dy-
namic range of 88 dB.

Figure 14 shows THD+N versus frequency at
-1 dB input.

Figure 15 shows the linearity of the CS5345.
The input signal is at 500 Hz and is varied from
0 dB (full scale) to -120 dB. At each input level,
the output level is measured and compared to
the perfect value. Any deviation is plotted as a
deviation away from O dB. Notice the close con-
formance to perfect linearity, until the noise
starts to influence the readings at about -100 dB.

Schematic & Layout Review Service

Confirm Optimum
Schematic & Layout (
Before Building Your Board.

For Our Free Review Service
Call Applications Engineering.

Call:(512)445-7222

DS112PP1
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PIN DESCRIPTIONS

NO CONNECT NC

NO CONNECT NC

NO CONNECT NC

+ RIGHT CHANNEL ANALOG INPUT AINR+
- RIGHT CHANNEL ANALOG INPUT AINR-
+ LEFT CHANNEL ANALOG INPUT AINL+
- LEFT CHANNEL ANALOG INPUT  AINL-
POWER DOWN INPUT PD

SELECT CLOCK MODE CMODE

MASTER CLOCK INPUT MCLK
LEFT/RIGHT SELECT L/R

SERIAL DATA CLOCK SCLK

SERIAL DATA OUTPUT SDATA

SILICON SUBSTRATE BIAS VS+

NC NO CONNECT

NC NO CONNECT

NC NO CONNECT

VCOM VOLTAGE COMMON OQUTPUT
VREF VOLTAGE REFERENCE OUTPUT
VA+ POSITIVE ANALOG POWER
ANALOG GROUND

TSTO2 TEST OUTPUT

TSTO1 TEST OUTPUT

SMODE SELECT SERIAL I/O MODE
FSYNC FRAME SYNC SIGNAL

TST TEST

DGND DIGITAL GROUND

14 15 VD+ POSITIVE DIGITAL POWER

© ® N O 0 A ® N -
n
FS

mEREnEnEnEnEnEnEnEnE RN
8
oo oodgd
>
(2]
=
(=]

Power Supply Connections

VA+- Analog Power, PIN 23
Positive supply for the analog sectlon Nominally +5 volts.

VS+ - Digital Power, PIN 14
: Posmve supply for the silicon substrate Nominally +5 volts.

VD+ Dlgltal Power, PIN 15
Positive supply for the digital section. Nominally +5 volts.

AGND - Analog Ground, PIN 22
Analog ground reference.

DGND - Digital Ground, PIN 16
Digital ground for the digital section.

Analog Inputs

+AINL, +AINR - Differential Left and Right Channel Analdg Inputs, PINS 6,7, 4, 5
Analog input connections for the left and right input channels. A nominal differential input
voltage of 3.75 Vpp will produce a full scale digital output.

Analog Outputs

VREF - Voltage Reference Output, Pin 24
Internal voltage reference output. Nominally (VA+) - 3.0 V. Must be bypassed to VA+ with a
0.1 uF ceramic capacitor in parallel with a 4.7 pF electrolytic capacitor.
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VCOM - Voltage Common Output, PIN 25
Nominally (VA+) - 2.5 volts. May be used to bias the analog input circuitry if an additional
buffer is used.

Digital Inputs

MCLK - Master Input Clock, PIN 10
Sampling rates, output rates and digital filter characteristics scale to MCLK frequency. MCLK
frequency is either 256 or 384 X the output word rate (see CMODE). For example, a
12.288 MHz MCLK corresponds to an output word rate of 48 kHz per channel with CMODE
low.

SCLK - Serial Data Clock, PIN 12
SCLK is an input clock at any frequency from 32 X to 128 X the output word rate (64 X is
preferred). Data is clocked out on the falling edge of SCLK. See the descriptions of Data
Output Mode 1 and Mode 2.

L/R - Left/Right Select, PIN 11
L/R is an input which selects the left or right channel for output on SDATA. The L/R frequency
must be at the output word rate. Although the outputs of each channel are transmitted at
different times, the two words in an L/R cycle represent simultaneously sampled analog inputs.

Left channel data is on SDATA when L/R is low in Mode 1 (SMODE high). Right channel data
is on SDATA when L/R is high. The MSB data bit appears on SDATA one SCLK cycle after
L/R changes.

Left channel data is on SDATA when L/R is high in Mode 2 (SMODE low). Right channel data
is on SDATA when L/R is low. The rising edge of L/R clocks out the MSB of the left channel
data. The falling edge of L/R clocks out the MSB of the right channel data.

PD - Analog Power Down, PIN 8
Device power-down command. The analog and digital circuitry are in power-down mode when
PD is logic high.

CMODE - Clock Mode Select, PIN 9
CMODE should be tied low to select an MCLK frequency of 256 X the output word rate.
CMODE should be tied high to select an MCLK frequency of 384 X the output word rate.

SMODE - Serial Interface Mode Select, PIN 19
SMODE must be tied high to select serial interface Mode 1. SMODE must be tied low to select
serial interface Mode 2. In all interface modes, L/R, FSYNC and SCLK should be derived
from MCLK using external dividers.

DS112PP1 3-87
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FSYNC - Frame Synchronization Signal, PIN 18 ‘
In Mode 1 (SMODE high), FSYNC is ignored but must be connected to VD+ or DGND.

In Mode 2 (SMODE low), FSYNC is an input which controls the output of data on SDATA.
FSYNC is normally tied high, which causes the data bits to be clocked out immediately
following L/R transitions. If it is desired to delay the data bits from the L/R edge, then FSYNC
must be low during the delay period. Bringing FSYNC high will enable SCLK to clock out of
the SDATA bits. Note that the MSB will be clocked out based on the L/R edge, independent of
the state of FSYNC. '

Digital Outputs
SDATA - Serial Data Output, PIN 13
Audio data bits are presented MSB first, in 2’s complement format.

Miscellaneous

- No Connection, PINS 1, 2, 3, 26, 27, 28
No internal connection.

TSTO1, TSTO2 -Test Pins, PIN 20, 21
These pins are factory test outputs and must not be connected to any external component or
length of PC trace.

TST - Test Input, PIN 17
Allows access to the CS5345 test modes. Must be connected to digital ground for normal
operation.

PARAMETER DEFINITIONS

Resolution - The total number of possible output codes is equal to 2N, where N = the number of bits
in the output word for each channel. '

Dynamic Range - Full scale (RMS) signal to broadband noise ratio. The broadband noise is measured
over the specified bandwidth, and with an input signal 60dB below full-scale. Units in decibels.

Total Harmonic Distortion+Noise - The ratio of the rms sum of all spectral components over the
specified bandwidth (typically 10 Hz to 20 kHz), excluding signal, to the rms value of the
signal.

Total Harmonic Distortion - The ratio of the rms sum of all harmonics up to 20 kHz to the rms value
of the signal.

Interchannel Phase Deviation - The difference between the left and right channel sampling times.
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Interchannel Isolation - A measure of crosstalk between the left and right channels. Measured for

each channel at the converter’s output with the input under test grounded and a full-scale signal
applied to the other channel. Units in decibels.

Interchannel Gain Mismatch - The gain difference between left and right channels. Units in
decibels.

Gain Error - The deviation of the measured full scale amplitude from the ideal full scale amplitude
value.

Gain Drift - The change in gain value with temperature. Units in ppm/°C.

Bipolar Offset Error - The deviation of the mid-scale transition (111...111 to 000...000) from the
ideal . Units in LSBs.

REFERENCES - All reprinted in this data book.

1) "A Stereo 16-bit Delta-Sigma A/D Converter for Digital Audio” by D.R. Welland, B.P. Del Sig-
nore, E.J. Swanson, T. Tanaka, K. Hamashita, S. Hara, K. Takasuka. Paper presented at the 85th
Convention of the Audio Engineering Society, November 1988.

2) " The Effects of Sampling Clock Jitter on Nyquist Sampling Analog-to-Digital Converters, and on
Oversampling Delta Sigma ADC’s" by Steven Harris. Paper presented at the 87th Convention of the
Audio Engineering Society, October 1989.

3) " An 18-Bit Dual-Channel Oversampling Delta-Sigma A/D Converter, with 19-Bit Mono Applica-
tion Example" by Clif Sanchez. Paper presented at the 87th Convention of the Audio Engineering
Society, October 1989.
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"Evaluation Board for CS5345

Features General Description
' : The CDB5345 evaluation’ board allows fast evaluation
oy ® Demonstrates recommended layout of the CS5345 16-bit, stereo A/D converter. The board
L . generates all converter timing signals and provides se-
and groundlng arrangements rial output interfaces. Evaluation requires a- digital

signal processor, a low-distortion signal source, and a
® CS8402 Generates AES/EBU, SPDIF | power supply.
& EIAJ-340 Compatible Digital Audio Also included is a CS8402 digital audio transmitter 1.C.,

which can generate AES/EBU, SPDIF & EIAJ-340
compatible audio data via standard phono and optical

® Demonstrates CS8402 Generation of connectors.

System Clocks The evaluation boards may also be configured to ac-
cept external timing signals for operation in a user

. application during system development.
® Buffered Serial Output Interface PP 95y P

® Digital and Analog Patch Areas ,
s ORDERING INFORMATION: CDB5345

GND +5V ‘
9 ’ —~§ MCLK
DIGITAL =
ANALOG POWER SUPPLY PATCH
AREA CONDITIONING AREA UR
I 1 JL 1 SERIAL
- OUTPUT
DATA
—»@ SCLK
AINR =
Input
© —uter E —-@ SDATA
CS1232
CS5345 POWER MONITOR/ -
RESET
A/D CONVERTER
AES/EBU
ANL Input ©S8402 g g Iy
<9©~ Buffor DIGITAL AUDIO || o S/PDIF
INTERFACE
Optical
Output
AUG 93 Crystal Semiconductor Corporation
DS112DB1 Copyright © Crystal Semiconductor Corporation 1993 P.O. Box 17847, Austin, TX 78760

(All Rights Reserved)

3-90 (512) 445 7222 FAX: (512) 445 7581
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AINR-
AINR+
Input Buff CS5345 Serial Output
n er
PRy AINL- A/D Converter Interface
AINL+
w ]
MCLK
SCLK
SDATA
PD
CS1232
Power Monitor/ CS8402 Power
Reset Circuit — Digital Audio Conditioning
RST Interface

Figure 1. CDB5345 Overview
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L4 '
——— T ——{ VD2+

L2
T VDI+
L1
—— TV —1D VAl+
sV O ‘ ‘ O VA
z3 :L c7 1 co
PEKE-6V8P T 68 mF 0.1 mF
wQ g
AGND DGND

Figure 2. Power Conditioning

Power Supply Circuitry

The schematic diagram in Figure 2 shows the
evaluation board power supply circuitry. Power
and ground for the evaluation board are made
via the two binding posts. The +5 Volt analog
power supply (VA+) powers the analog input
buffers, Figure 5. The ADC analog supply,
VA1+, is derived from VA+ via the ferrite bead,
L1, to minimize noise coupling.

The +5 VoIt digital supply for the discrete logic
is derived from the VA+ through the ferrite bead,
L2. Z3 is a transient suppresser which also pro-
vides protection from incorrectly connected

power supply leads. C7 and C9 provide general
power supply filtering for the analog supply."
C13 and C17 provide localized decoupling for
the converter VA+ pin, Figure 4. The evaluation
board uses both an analog and a digital ground
plane which are connected at a single point. This
ground plane arrangement isolates the board’s
digital logic from the analog circuitry.

The ADC substrate bias voltage, VS+, and digi-
tal supply voltage, VD+, are derived from VAl+
through the ferrite bead L3, Figure 4. Notice the
lowpass filter, R18 and C18 / C19, between VS+
and VD+. VD+ is not used to power any other-

R9

L/R D—7$_T

D

VDD

TOL

o———PBRST

RST <JRST

u2
CS1232

5
RST—{ > PD

4

GND
L

Figure 3. Power Monitor/Reset Circuit
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digital logic on the evaluation board, which is
necessary to minimize digital noise on VAl+.

Power monitor & Reset Circuit

The power monitor / clock monitor / reset func-
tion has been implemented using the Crystal
Semiconductor CS1232 Micromonitor, Figure 3.
The power-monitor threshold for the CS1232 has
been configured to issue a reset command to the
CS5345 PD and the CS8402 RST pins when the
supply voltage ,VD1+, is below 4.62V. The com-
mand will remain asserted for approximately
250 ms after the supply voltage exceeds the
threshold. This prevents erroneous data from be-

ing output from the evaluation board on power-
up and initiates a CS5345 calibration sequence
when the supply voltages have stabilized. This
also ensures that the CS5345 calibration data
will be replaced if a momentary loss of power
occurs: A CS5345 calibration sequence can also
be initiated manually with SW2. The CS1232
also implements a system watchdog timer and
monitors the L/R clock.

Analog Inputs
As shown in Figure 4, the analog input signals

are connected to the CS5345 via an RC network.
R1-R4 and C1-C4 provide antialiasing and opti-

VD+
Ri8
L3 10W
VAT+ [>—e o~ o . T —e—e o .
hi Lcis ]
c17 + c13 C19 10 mF C4
10 mF 0.1 mF 0-1 mFI 16V 0.1 mA
16V
c10 cte + cs
0.1 mF 10 mF 0.1 mF 23 14
16V VA+ VS+
24| vRer vD+ [18
18
25 vcoMm U1 FSYNC
R1 6 CS5345 TSTO1 120
AINL+ [D>— AN/ . AINL+ TsTo2 |21
150 l C1 8
—— 1500pF PD |——<PD
R2 l 13
ANL- = . 7| AL SDATA 18— sDATA
150 McLK 19 —McLk
ANR R3 5| AR SCLK :—f—DSCLK
+ O—ANN 14 — >
150 _L c2 LR LR
1500pF 9
CMODE
AINR- A, I 5| AINR- i
150 22| A\GND SMODE
DGND TST L
16 17 )

i

Figure 4. ADC Connections
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mum source impedance for the analog input
channels.

Figure 5 shows the input buffer circuit. This cir-
cuit converts single-ended inputs to differential
and elevates the center point of the differential
singles to approximately +2.5 V.

CS5345 Configuration

The CS5345 is configured for Mode 2-FSYNC
high. MCLK is set for 256 X OWR by CMODE
low. Refer to the CS5345 data sheet for a com-
plete description of the CS5345 operation.

Digital Audio Standard Interface and Clock |
Generation

The CS8402 Digital Audio Interface Transmitter
is included on the evaluation board. This device
can implement either AES/EBU, S/PDIF or
EIAJ-340 interface standards. The CDB5345
digital audio interface circuit, Figures 6 and 7, is

the standardized implementation of S/PDIF with
both coax and optical outputs.

The CS8402 is configured to operate in Mode 1
which allows the CS8402 to generate L/R and
SCLK from MCLK. This not only simplifies the
design but also lowers the number of compo-
nents on the evaluation board. See the CS8401 /
CS8402 data sheet for more information on the
operation of the CS8402.

Serial Output Interface

The serial output interface is provided by the
SDATA, SCLK, and L/R BNC connectors on the
evaluation board. These outputs are buffered, as
shown in Figure 8, in order to isolate the con-
verter from the digital signal processor.

c23 R16
10mF  R17 210‘66/\ e 10K
ANL (O I — — LA 6-.U6B +——>AINL+
16V 0K 1 10K 5>7“
AGND
c12 |
AINR 1o|r|r1F A 13
QL%V 10K 12
R10
A
10K
A\
U6 = MC33079

Figure 5. Input Buffer Circuit
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SDATA 45|>0§_<:\ SCLK
74HC04
UR D—l
~ e} ©
D1+ [

_L Cc20 ji C32 U%VD+ % f_‘ 5
0.1 mF 10 mF 18 GND 5 <D( %) HST 16 "ST
16V w ) 20
T s TXP | TXP
GND = CBL us ™N 2
. CSB402A
0 v TRNPT / FC1 214
c c7/08 = VD1+
1], PRO | 2
’ circo 12
Mo c6/C2
2| c9/Ci5 K €L
23 « EMO/C9 13 GND
M2 ¥ EMi/C8
=
L - u7
GND U12A OSCILLATOR
—405 s | 12.88 MHZ Vo
MCLK 8 Lok @ MCLK [
210 _ls 8| (14 c21 |+ c22
VDl (o " lp ap - 01mF T 10mF
74HC74 | 18V

Figure 6. CS8402 Digital Audio Interface Connections

[ e WIS, 9
TXP [D— —— R3t 3 6 @ J7

Tls T 0
! |
T 909 i e |
C14 , v | OPT1
0.1mF | o | SHU-HK313103
NPO 2—< )y 5 ‘
1 ’ o 6
A s (e Ro2 62K 2 |° -
R32 GND ] 1l.l 2 = 3 2 Lo ~Z
: 3
w XFMR-SCHOTT VD14 o
U4 4 o 5 ~Im
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Figure 7. Digital Audio Output Circuit
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J23
A 2 SDATA
wo 3 4 4 sciK
9 o J 2—s 51 15 4ok
L3 4 7 8
LRCK
74HCO4
it - -
@m—gvon
OEB
SDATA [ 1 B0 A0 3 SCLK
B2 A2(5 :
LR B3 A3[6 = -
SCLK [ 74HC243
MCLK LRCK [

MCLK
Figure 8. Serial Output Interface
CONNECTOR INPUT/OUTPUT SIGNAL PRESENT
+5 ANALOG input +5 Volts from analog power supply

AGND input analog ground connection from power supply

AINL input left channel analog input

AINR input right channel analog input

MCLK output master clock output

L/R ) output left/right channel signal

SDATA output serial output data

SCLK output serial output clock
DIGITAL OUTPUT output CS8402 digital output via transformer
OPTICAL OUTPUT output CS8402 Digital output via optical

Table 1. Systems Connections
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CS5349

Single Supply, Stereo A/D Converter for Digital Audio

Features

e Single +5 V Power Supply

o Complete CMOS Stereo A/D System
Delta-Sigma A/D Converters
Digital Anti-Alias Filtering
S/H Circuitry and Voltage Reference

o Adjustable System Sampling Rates
including 32kHz, 44.1 kHz & 48kHz

e 90 dB Dynamic Range
Internal 64X Oversampling

e Linear Phase Digital Anti-Alias Filtering
0.01dB Passband Ripple
80dB Stopband Rejection

e Low Power Dissipation: 300 mW
- Power-Down Mode for Portable
Applications

e Evaluation Board Available

General Description

The CS5349 is a complete analog-to-digital converter
which operates from a single +5V supply. It performs
sampling, analog-to-digital conversion and anti-aliasing
filtering, generating 16-bit values for both left and right
inputs in serial form. The output word rate can be up to
50 kHz per channel.

The ADC uses delta-sigma modulation with 64X over-
sampling, followed by digital filtering and decimation,
which removes the need for an external anti-alias filter.

The CS5349 has an SCLK which clocks out data on
falling edges and a filter passband of dc to 24 kHz.
The filter has linear phase, 0.01 dB passband ripple,
and >80 dB stopband rejection.

The device is available housed in a 0.6" wide 28-pin
plastic DIP, and also in a 0.3" wide 28-pin SOIC sur-
face mount package.

ORDERING INFORMATION:  Page 3-121

OCLKD ICLKD FSYNC SCLK LR

VREFIN ICLKA APD ACAL
v7
VREFOUT ) S SDATA
Comparator Serial Output Interface 3 CMODE
L ) SMODE
AINL+ LP Filter h : ,
AINL- Digital Decimation
Filter
Digital Decimation ,
Filter ,lL
AINR+ ' TST
Calibration
AINR- SRAM ,
'8
' NC
! Calibration 1 20
AGND ! Microcontroller \ NC
4 325 $24 iQ 110 18 g 19

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

APR 92
DS73F1
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ANALOG CHARACTERISTICS (Ta = 25°C for K grade, TA = -40 °C to +85 °C for B grade; VA+,
VL+,VD+ = 5V; Full-Scale Input Sinewave, 1kHz; Output word rate = 48 kHz; SCLK = 3.072 MHz; Source Im-

pedance = 100Q with 500 pF across AIN+, AIN-; VREFIN connected to VREFOUT; DCAL Connected to ACAL;
Master Mode; Measurement Bandwidth is 10 Hz to 20 kHz; unless otherwise specified.)

Parameter* } CS5349-K CS5349-B
Symbol | Min Typ Max Min Typ Max Units

Specified Temperature Range TA Oto 70 -40 to +85 °C
Resolution 16 - - 16 - - Bits
Dynamic Performance
Dynamic Range 88 90 - 86 90 - dB
Signal-to-(Noise+Distortion) THD+N S/(N+D) | 85 87 - 84 87 - dB
Total Harmonic Distortion Vin=-10dB, 1kHz| THD - 0.001 0.005 - 0.001  0.005 %
Interchannel Phase Deviation - 0.0001 - - 0.0001 - Degrees
Interchannel Isolation (dc to 20 kHz) - 100 - - 100 - dB
dc Accuracy
Interchannel Gain Mismatch - 0.05 - - - 0.05 - dB
Gain Error - +2 +5 - +2 15 %
Gain Drift - 50 - - 50 - - ppm/°C
Bipolar Offset Error (After Calibration) - +3 +10 - 13 +10 LSB
Offset Calibration Range (ACAL Low) - +100 - - +100 - mV
Analog Input
Differential Input Voltage Range ' .
(Full Scale) (Note 1) VIN 3.8 4.0 - 3.8 4.0 - Vpp
Input Impedance ZIN - 50 - - 50 - kQ
Power Supplies
Power Supply Current (VA+)+(VL+)| 1A+ - 30, . 40 - 30 40 mA
with APD, DPD low VD+| ID+ - 35 45 - 35 45 mA
(Normal Operation)
Power Supply Current (VA+)+(VL+)| 1A+ - 10 - - 10 - A
with APD, DPD high VD+| ID+ - 100 - - 100 - pA
(Power-Down Mode)
Power Dissipation (APD, DPD Low)| PDN - 325 425 - 325 425 mwW

(APD, DPD High)| PDS - 0.5 - - 0.5 - mw
Power Supply Rejection Ratio (dc to 26 kHz)| PSRR - 50 - - 50 - dB
(Note 2) (26 kHz to 3.046 MHz) - 90 - - 90 - dB

Notes:

* Refer to Parameter Deﬁnitions_at the end of this data sheet.

Specifications are subject to change without notice.

1. Input voltage range is equal to +{(VA+)-VREFIN}x0.8. (See Figure in Analog Connection Section)
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DIGITAL FILTER CHARACTERISTICS
(Ta =25 ° C; VA+, VL+ ,VD+ = 5V + 5%; Output word rate of 48 kHz)

Parameter Symbol Min Typ Max Units
Passband (-3dB) 0 to 24 kHz
(-0.01 dB) 0 to 22 kHz
Passband Ripple - R + 0.01 dB
Stopband 28 to 3044 kHz
Stopband Attenuation (Note 2) 80 - - dB
Group Delay (OWR = Output Word Rate) tgd - 18/OWR - s
Group Delay Variation vs. Frequency Atgd - - 0.0 us

Notes: 2. The analog modulator samples the input at 3.072MHz for an output word rate of 48 kHz. There is
no rejection of input signals which are multiples of the sampling frequency (that is: there is
no rejection for n x 3.072MHz +22kHz where n = 0,1,2,3...).

DIGITAL CHARACTERISTICS
(Ta = 25 °C; VA+, VL+ ,VD+ =5V + 5%

Parameter Symbol Min Typ Max Units
High-Level Input Voltage VIH 70%VD+ - - v
Low-Level Input Voltage Vi - - 30% VD+ v
High-Level Output Voltage at lo = -20uA VoH 4.4 - - \
Low-Level Output Voltage at lo = 20uA VoL - - 0.1 \Y
Input Leakage Current lin - 1.0 - UuA

ABSOLUTE MAXIMUM RATINGS (AGND, LGND, DGND = 0V, all voltages with respect to

ground.)
Parameter Symbol | Min Typ Max Units

DC Power Supplies: Positive Analog VA+ -0.3 - +6.0 Vv

Positive Logic VL+ -0.3 - (VA+)+0.3 \

Positive Digital VD+ -0.3 - +6.0 \
Input Current, Any Pin Except Supplies lin - - +10 mA
Analog Input Voltage (AIN and VREFIN pins) VINA -0.3 - (VA+)+0.3 \%
Digital Input Voltage VIND -0.3 - (VD+)+0.3 \Y
Ambient Temperature (power applied) TA -55 - +125 °C
Storage Temperature Tstg -65 - +150 °C

WARNING: Operation at or beyond these limits may result in permanent damage to the device.
Normal operation is not guaranteed at these extremes.
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(Ta =25°C; VA+, VL+, VD+ =5V £5%; Inputs: Logic 0 = OV, Logic 1 = VA+, VD+; CL =20 pF)

Parameter Symbeol Min Typ Max Unit
ICLKD Period (CMODE low) t cliew 78 - 3906 ns
ICLKD Low (CMODE low) t a1 31 - - ns
ICLKD High (CMODE low) t clkh1 31 - - ns
ICLKD rising to OCLKD rising (CMODE low) tio1 5 - 40 ns
ICLKD Period (CMODE high) t cliow2 52 - 2604 ns
ICLKD Low (CMODE high) t clki2 20 - - ns
ICLKD High (CMODE high) t clkh2 20 - - ns
ICLKD rising or falling to OCLKD rising (CMODE high, Note 3) tio2 5 - 45 ns
ICLKD rising to L/R edge (CMODE low, MASTER mode) tir 5 - 50 ns
ICLKD rising to FSYNC edge (CMODE low, MASTER mode) tifs1 5 - 50 ns
ICLKD rising to SCLK edge (CMODE low, MASTER mode) tisclki 5 - 50 ns
ICLKD falling to L/R edge (CMODE high, MASTER mode) tiro 5 - 50 ns
ICLKD falling to FSYNC edge (CMODE high, MASTER mode) tits2 5 - 50 ns
ICLKD falling to SCLK edge (CMODE high, MASTER mode) tisclk2 5 - 50 ns
SCLK falling to SDATA valid (MASTER mode) t sdo 0 - 50 ns
SCLK duty cycle (MASTER mode) 40 50 60 %
SCLK falling to L/R (MASTER mode) tmsir -20 - 20 ns
SCLK falling to FSYNC (MASTER mode) t msfs -20 - 20 ns
SCLK Period (SLAVE mode) t sclkw 155 - - ns
SCLK Pulse Width Low (SLAVE mode) tscikl 60 - - ns
SCLK Pulse Width High (SLAVE mode) t sclkh 60 - - ns
SCLK falling to SDATA valid (SLAVE mode) t dss - - 50 ns
L/R edge to MSB valid (SLAVE mode) tirdss - - 50 ns
Rising SCLK to L/R edge delay (SLAVE mode) tsirt 30 - - ns
LR edge to rising SCLK setup time (SLAVE mode) tsir2 30 - - ns
Rising SCLK to rising FSYNC delay (SLAVE mode) t sfs1 30 - - ns
Rising FSYNC to rising SCLK setup time (SLAVE mode) tsfs2 30 - - ns
DPD pulse width t pdw 2tclkw - - ns
DPD rising to DCAL rising tper - - 50 ns
DPD falling to DCAL falling (OWR = Output Word Rate) t pef 4096 1/0WR
Notes: 3. ICLKD rising or falling depends on DPD to L/R timing (see Figure 2).
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ICLKD to Outputs Propagation Delays (CMODE high)

pdw ) pcf
] |
DPD |
toor 1= |

Power Down & Calibration Timing

DS73F1

3-105



r J yrr JZ JZ 11 .
-5y . CS5349

RECOMMENDED OPERATING CONDITIONS
(AGND, LGND, DGND = 0V; all voltages with respect to ground)

Parameter Symbol | Min Typ Max Units
DC Power Supplies: Positive Digital (Note 5) | VD+ 4.75 5.0 5.25 \"
Positive Logic VL+ 4.75 5.0 VA+ Vv
Positive Analog VA+ 4.75 5.0 5.25 \Y

Differential Analog Input Voltage (Note 6) | VAIN 3.8 4.0 - Vpp
Analog Input Bias Voltage VBIAS - 0.5VA+ - \

Notes: 5. VD+ must be within 0.3V of VA+.
6. The output codes will clip at full scale with input signals >4Vpp, but <8Vpp. Input signals >8Vpp will
cause indeterminate output codes. These voltages are subject to the gain error tolerance specification.
Additional tag bits are output to indicate a near to clipping and overdrive condition.

= ) -
| T Ferite Bead v Dicital
* * +5V Digital
+5V Analog . 0.1 uF I S
WW—e—" 01pF = = 1pF T
51Q I
2kQ 10 1 =
10pF, 0.1pF "OF 0.14F
PR |
+_|J7 4 24 18
=P op| VAt VLt VD+ 6 Power Down
APD
2KQ VREFOUT 10 & Calibrate
DPD 7 Control
22 kQ 3 ACAL E
VREFIN
22 k0 % DCAL
SMODE 13
22 kQ% 12 Mode
CMODE Settings
CS5349
16 Audio
68 uF A/D CONVERTER Data
A >_{ |+ MAMA I 1 AINL+ SDATA Processor
100Q 1 T
B >t IWW——2] AINL- LR
100q 590pF 15 Timing
|+ NPO 28 SCLK
c* >_‘ I \N\/\/\/‘ . AINR+ FSYNG 17 Logic
100Q & Clock
o > WN——2T} AINR-  IoLkD ¢ 2
100Q 500pF 21
NPO OCLKD
EFGH ICLKA ; 23] T EITHER connect VD+
™ For best performance, A and B (and C and D) NC | 8 t(?l;i!tﬂggaf\:em:;:z%w
should be differentially driven. For single ended 20 OR derive VD from VA+
use, either A or B (&C or D) can be grounded. AGND LGND DGND TST NC [ via ferrite bead. In this
case, do not drive any
4;5 _EE’ Jlg J_ﬁ ’ other logic from VD+.
= = = An example ferrite bead
is Permag VK200-2.5/52

Figure 1. Typical Connection Diagram
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GENERAL DESCRIPTION

The CS5349 is a 16-bit, 2-channel A/D converter
designed specifically for stereo digital audio ap-
plications that require a single +5V supply. The
device uses two one-bit delta-sigma modulators
which simultaneously sample the analog input
signals at a 64 X sampling rate. The resulting
serial bit streams are digitally filtered, yielding
pairs of 16-bit values. This technique yields
nearly ideal conversion performance independent
of input frequency and amplitude. The convert-
ers do not require difficult-to-design or
expensive anti-alias filters, and do not require
external sample-and-hold amplifiers or a voltage
reference.

An on-chip voltage reference provides for a dif-
ferential input signal range of 4Vpp. Any zero
offset is internally calibrated out during a power-
up self-calibration cycle. Output data is available
in serial form, coded as 2’s complement 16-bit
numbers. Typical power consumption of only
300 mW can be further reduced by use of the
power-down mode.

For more information on delta-sigma modulation
and the particular implementation inside this
ADC, see the references at the end of this data
sheet.

- OCLKD/
LR | CMODE | ICLKD | ICLKA | SCLK
(kHz) (MHz) | (MHZ) | (MHz)
32 low 8192 | 4096 | 2.048
32 high | 12.288 | 4.096 | 2.048
44.1 low |11.2896 | 5.6448 |2.8224
441 | high |16.9344 | 56448 |2.8224
48 low 12288 | 6.144 | 3.072
48 | high | 18432 | 6.144 | 3.072

Table 1. Common Clock Frequencies

SYSTEM DESIGN

Very few external components are required to
support the ADC. Normal power supply decou-
pling components, voltage reference bypass
capacitors and a resistor and capacitor on each
input for anti-aliasing are all that’s required, as
shown in Figure 1.

Master Clock Input

The master input clock JICLKD) into the ADC
runs the digital filter, and is used to generate the
modulator sampling clock. ICLKD frequency is
determined by the desired Output Word Rate
(OWR) and the setting of the CMODE pin.
CMODE high will set the required ICLKD fre-
quency to 384 X OWR, while CMODE low will
set the required ICLKD frequency to 256 X
OWR. Table 1 shows some common clock fre-
quencies. The digital output clock (OCLKD) is
always equal to 128 X OWR, which is always
2 X the input sample rate. OCLKD should be
connected to ICLKA, which controls the input
sample rate.

The phase alignment between ICLKD and

OCLKD is determined as follows: when
01 2 3 456 7
ICLKD
Input

DPD

Input ' |
UR % I
Input I |

OCLKD 1 ‘1
Output l
U R 2 hk '
Input |
OCLKD 2

Output

* DPD low is recognized on the next ICLKD rising edge
(#0) _

** L/R rising before ICLKD rising #2 causes OCLKD -1

*** /R rising after ICLKD rising #2 causes OCLKD - 2

Figure 2. ICLKD to OCLKD Timing with CMODE
high (384 X OWR)
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Figure 3. Data Output Timing - MASTER mode
Input 7 7 % 7
0o 1 2 % 15 16 17 18 19 20 %30 31 0 1 2 % 15 16 17 18 19 20 21 %31 0 1
coiin! Iy i i
Input - .
% / _ ~ |
T 1 1 | I
FSYNC % % 7 _
Input (high) | % | | Z | Z | | Z |
/ . / _
. . . -
SDATA 14514 Z1 0 |T2|T1(T0 é 1514 1|0 |T2|T1|T0 % |
Output /// %// é % |
. e e e e e 4
Left Audio Data  Tag Bits Left Data Tag Right Audio Data  Tag Bits Right Data Tag

Figure 4. Data Output Timing - SLAVE Mode, FSYNC high

CMODE is low, ICLKD is divided by 2 to gen-
erate OCLKD. The phase relationship between
ICLKD and OCLKD is always the same, and is
shown in the Switching Characteristics Timing
Diagrams. When CMODE is high, OCLKD is
ICLKD divided by 3. There are two possible
phase relationships between ICLKD and
OCLKD, which depend on the start-up timing
between DPD and L/R, shown in Figure 2.

Serial Data Interface

The serial data output interface has 3 possible
modes of operation: MASTER mode, SLAVE
mode with FSYNC high, and SLAVE mode with
FSYNC controlled. In MASTER mode, the A/D

converter is driven from a master clock (ICLKD)
and outputs all other clocks, derived from
ICLKD (see Figure 3). Notice the one SCLK cy-
cle delay between L/R edges and FSYNC rising
edges. FSYNC brackets the 16 data bits for each
channel. .

In SLAVE mode, L/R and SCLK are inputs. L/R
must be externally derived from ICLKD, and
should be equal to the Output Word Rate. SCLK
should be equal to the input sample rate, which
is equal to OCLKD/2. Other SCLK frequencies
are possible, but may degrade dynamic range be-
cause of interference effects. Data bits are
clocked out via the SDATA pin using the SCLK
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SCLK to clock out SDATA clocking out SDATA

Figure 5 Data Output Timing-SLAVE Mode, FSYNC controlled

and L/R inputs. The falling edge of SCLK
causes the ADC to output each bit, except the
MSB, which is clocked out by the L/R edge. As
shown in Figure 4, when FSYNC is high, serial
data bits are clocked immediately following the
L/R edge.

In SLAVE mode with FSYNC controlled, as
shown in Figure 5, when FSYNC is low, only
the MSB is clocked out after the L/R edge. With
FSYNC low, SCLK is ignored. When it is de-
sired to start clocking out data, bring FSYNC

Input Level T2 |[T1|TO
1.375 x FS 11111
1250 xFSt0o 1.375xFS | 1 |1 | O
1.125xFSto 1.250xFS | 1 | 0 | 1
1.000xFSto1.125xFS | 1 |0 | O
-1.006dB to 0.000dB 0of(1}1
-3.060dB to -1.006dB o(1|o0
-6.000dB to -3.060dB 0 1
< -6.000dB 0 0

FS = Full Scale (0dB) Input

Table 2. Tag Bit Definition

high which enables SCLK to start clocking out
data. Bringing FSYNC low will stop the data be-
ing clocked out. This feature is particularly
useful to position in time the data bits onto a
common serial bus.

The serial nature of the output data results in the
left and right data words being read at different
times. However, the words within an L/R cycle
represent simultaneously sampled analog inputs.

In all modes, additional bits are output after the
data bits: 3 tag bits and a left/right indicator. The
tag bits indicate a near-to-clipping input condi-
tion for the data word to which the tag bits are
attached. Table 2 shows the relationship between
input level and the tag bit values. The serial bit
immediately following the tag bits is O for the
left channel, and 1 for the right channel. The re-
maining bits before the next L/R edge will be 1’s
for the left channel and 0’s for the right channel.
Normally, the tag bits are separated from the
audio data by the digital signal processor. How-
ever, if the tag bits are interpreted as audio data,
their position below the LSB would result as a
very small dc offset.

DS73F1
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Analog Connections

Figure 1 shows the analog input connections.
The analog inputs are presented differentially to
the modulators via the AINR+, AINR- and
AINL+, AINL- pins. Each analog input will ac-
cept a maximum of 2 Vpp centered at +2.5 V.

The + and - input signals are 180° out of phase

resulting in an effective input voltage of 4 Vpp.
Figure 6 shows the input signal levels for full
scale.

+35V CS5349
+25V AIN+
+15V — -

+35V - — — - _

25V — — — — ——— AIN-
B sy (] eET

Full Scale Input level= (AIN+) - (AIN-)= 2 Vp or 4 Vpp
- Figure 6. Full Scale Input Voltage

The CS5349 samples the analog inputs at
3.072 MHz for a 12.288 MHz ICLKD (CMODE
low). The digital filter rejects all noise between
28 kHz and. (3.072 MHz-28 kHz). However, the
filter will not reject frequencies right around
3.072 MHz (and multiples of 3.072 MHz). Most
audio signals do not have significant energy at
3.072 MHz. Nevertheless, a 100 Q resistor in se-
ries with the analog input, and a 500 pF NPO or
COG capacitor across the inputs will attenuate
any noise energy at 3.072 MHz, in addition to
providing the optimum source impedance for the
modulators. The use of capacitors which have a
large voltage coefficient (such as general purpose
ceramics) should be avoided since these will de-
grade signal linearity. If active circuitry precedes
the ADC, it is recommended that the above RC
filter is placed between the active circuitry and
the AINR and AINL pins. The above example
frequencies scale linearly with output word rate.

As an alternative to Figure 1 input arrangements,
Figure 7 shows an active input buffer circuit
which produces a differential output and level

H
10k 10k
—VVW\—e
10k : ﬁvA#-
AINL - 10k 6 8 0.1 uF
3 U4 — o -
+ 5 ui4 5 > G
+ ,
LT1013A 2 1110138
F
10 k 10k
J
VA+
10k l——’\ﬂ/\/—<
AINR P 10k 8 0.1 uF
ST 3| U3 6~
+ 1 5 uU13 > ;.} E
+ )
LT1013A 4 LT1013B
* ; 10 k 20 k
Must be driven from
a low impedance, —"\M\—<VA+

dc coupled, source -

referencedto O V.

gMT

"
Ok 47 uFI jm uF

Figure 7. Example Input Buffer Circuit
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shifts up to +2.5 V. This circuit must be driven
from a source which is referred to OV dc. If this
circuit is used, then the level shifting and AC
coupling components shown in Figure 1 are not
required.

The on-chip voltage reference output (2.5 V) is
brought out to the VREFOUT pin, and normally
connected to VREFIN. External reference volt-
ages between 1.5 V and 3.0 V may be used. A
10 uF electrolytic capacitor in parallel with a
0.1 pF ceramic capacitor attached between VRE-
FIN and VA+ eliminates the effects of high
frequency noise. No load current may be taken
from the VREFOUT output pin.

Power-Down and Offset Calibration

The ADC has a power-down mode wherein typi-
cal consumption drops to 0.5 mW. In addition,
exiting the power-down state initiates an offset
calibration procedure.

APD and DPD are the analog and digital power-
down pins. When high, they place the analog
and digital sections in the power-down mode.
Bringing these pins low takes the part out of
power-down mode. DPD going low initiates a
calibration cycle. If not using the power down
feature, APD should be tied to AGND. When us-
ing the power down feature, DPD and APD may
be tied together if the capacitor on VREF is not
greater than 10 pF, as stated in the "Power-Up
Considerations" section.

f=— Cal Period
(4096 x L/R clocks)

|

| (85.33 ms @ 48kHz)

DPD !

During the offset calibration cycle, the digital
section of the part measures and stores the value
of the calibration input of each channel in regis-
ters. The calibration input value is subtracted
from all future outputs. The calibration input
comes from either the analog input signals or by
the value obtained from shorting the differential
inputs together. This input is determined by the
state of the ACAL pin. With ACAL low, the cali-
bration input is obtained from the analog inputs.
With ACAL in a high state, the differential in-
puts are disconnected from the device input pins
and shorted internally to provide the calibration
input value.

As shown in Figure 8, the DCAL output is high
during calibration, which takes 4096 L/R clock
cycles. If DCAL is connected to the ACAL in-
put, the calibration routine will measure the
voltage resulting from the shorted inputs. Inter-
nal offsets of each channel will thus be measured
and subsequently subtracted.

Alternatively, ACAL may be permanently con-
nected low and DCAL utilized to control a
multiplexer which grounds the user’s front end.
In this case, the calibration routine will measure
and store not only the internal offsets but also
any offsets present in the front end input cir-
cuitry.

During calibration, the digital output of both
channels is forced to a 2’s complement zero.
Subtraction of the calibration input from conver-
sions after calibration substantially reduces any

— [ Filter Delay Time
(~40 L/R periods)
(~833 us @ 48 kHz)

|
| l Normal Operation
—

DCAL J

\'

Figure 8. Initial Calibration Cycle Timing
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power-on click that might otherwise be experi-
enced. A short delay of approximately 40 output
words will occur following calibration for the
digital filter to begin accurately tracking audio
band signals.

Power-up Considerations

Upon initial application of power to the supply
pins, the data in the calibration registers will be
indeterminate. A calibration cycle should always
be initiated after application of power to replace
potentially large values of data in these registers
with the correct values.

The modulators settle very quickly (a matter of
microseconds) after the analog section is pow-
ered on, either through the application of power,
or by exiting the power-down mode. The voltage
reference can take a much longer time to reach a
final value due to the presence of large external
capacitance on the VREF pin; allow approxi-
mately 5 ms/uF. The calibration period is long
enough to allow the reference to settle for ca-
pacitor values of up to 10 pF If a larger
capacitor is used, additional time between APD
going low and DPD going low should be al-
lowed for VREF settling before a calibration
cycle is initiated.

Grounding and Power Supply Decoupling

As with any high resolution converter, the ADC
requires careful attention to power supply and
grounding arrangements if its potential perform-
ance is to be realized. Figure 1 shows the
recommended power arrangements, with VA+
and VL+ connected to a clean +5 V supply.
VD+, which powers the digital filter, may be run
from the system +5V logic supply, provided that
it is not excessively noisy (< =50 mV pk-to-pk).
Alternatively, VD+ may be powered from VA+
via a ferrite bead. In this case, no additional de-
vices should be powered from VD+. Analog
ground and digital ground should be connected
together near to where the supplies are brought

onto the printed circuit board. Decoupling ca-
pacitors should be as near to the ADC as
possible, with the low value ceramic capacitor
being the nearest.

The printed circuit board layout should have
separate analog and digital regions and ground
planes, with the ADC straddling the boundary.
All signals, especially clocks, should be kept
away from the VREF pin in order to avoid un-
wanted coupling into the modulators. An
evaluation board is available which demonstrates
the optimum layout and power supply arrange-
ments, as well as allowing fast evaluation of the
ADC.

To minimize digital noise, connect the ADC
digital outputs only to CMOS inputs.

Synchronization of Multiple CS5349

In systems where multiple ADC’s are required,
care must be taken to insure that the ADC inter-
nal clocks are synchronized between converters
to insure simultaneous sampling. In the absence
of this synchronization, the sampling difference
could be one ICLKD period which is typically
81.4 nsec for a 48 kHz sample rate.

SLAVE MODE

Synchronous sampling in the slave mode is
achieved by connecting all DPD and APD pins
to a single control signal and supplying the same
ICLKD and L/R to all converters.

MASTER MODE

The internal counters of the CS5349 are reset
during DPD/APD high and will start simultane-
ously by insuring that the release of DPD/APD
for all converters is internally latched on the
same rising edge of ICLKD. This can be
achieved by connecting all DPD/APD pins to
the same control signal and insuring that the
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PERFORMANCE

Figures 10 through 12 show the performance of
the digital filter included in the ADC. All the
plots assume an output word rate of 48 kHz. The
filter frequency response will scale precisely Figure 10. CS5349 Digital Filter Stopband Rejection
with changes in output word rate. The passband
ripple is flat to +0.01 dB maximum. Stopband
rejection is greater than 80 dB. Figure 12 is an
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Figure 11. CS5349 Digital Filter Passband Ripple
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Figure 12. CS5349 Digital Filter Transition Band
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Performance Measurements

All the following performance measurements
were taken using an Audio Precision System
One Dual Domain tester. The CS5349 was in a
CDB5349 evaluation board, running at 48 kHz
word rate and interfaced to the System One Via
the AES/EBU input using a CS8402 AES/EBU
transmitter.

Figure 13 shows the frequency response, which
is essentially flat.

Figure 14 shows the noise floor with zero input
signal level. A 16 K point FFT was used.

Figure 15 shows a 1 kHz, -10 dB input signal
FFT plot. Notice the low 2nd harmonic at
-110 dB.

Figure 16 shows a 1 kHz, -80 dB input signal
FFT plot. Notice the lack of harmonic distortion
components. This is a direct result of the perfect
differential non-linearity, which is one of the
benefits of the delta-sigma technique.

Figure 17 shows the THD+N versus input level
at 1 kHz. This plot indicates a dynamic range of
90 dB, with a small increase in distortion with a
full scale input. a ‘

C:{YSTAL FRQRESP FLTLVL(dBFS) & FLTLVL(dBFS) vs FREQ(Hz)
5

0 S

-5

-1

15

2

25

3

-35

“ 20 - 100 1k © 10k 30k

ngure 13. Frequency Response

Figure 18 shows THD+N versus frequency at
-10 dB input. This indicates a value of 90 dB,
with minor degradation at high frequency.

Figure 19 shows the linearity of the CS5349.
The input signal is at 500 Hz and is varied from
0 dB (full scale) to -120 dB. At each input
level, the output level is measured and compared
to the perfect value. Any deviation is plotted as
a deviation away from O dB. Notice the close
conformance to perfect linearity, until the noise
starts to influence the readings at about -100 dB.

Schematic & Layout Review Service

Confirm Optimum
Schematic & Layout
Before Building Your Board.

For Our Free Review Service
Call Applications Engineering.

Call:(512)445-7222
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CRYSTAL NOISE AMP1(dBFS) vs FREQ(Hz) CRYSTAL THDNAMP FLTLVL(dBFS) vs AMPL(dBr)
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Figure 14 Noise Floor Figure 17. THD+N vs Input level at 1 kHz
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Figure 15. 1 kHz, -10 dB input FFT Figure 18. THD+N vs Frequency at -10 dB
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Figure 16. 1 kHz, -80 dB input FFT Figure 19. Output level Error vs. Input level at 500 Hz
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PIN DESCRIPTIONS
+ LEFT CHANNEL ANALOG INPUT AINL+ O 28 AINR+ + RIGHT CHANNEL ANALOG INPUT
- LEFT CHANNEL ANALOG INPUT  AINL- ]2 2z 0 AINR- - RIGHT CHANNEL ANALOG INPUT
VOLTAGE REFERENCE INPUT VREFIN (}3 26 1 VREFOUT VOLTAGE REFERENCE OUTPUT
POSITIVE ANALOG POWER  VA+ [+ 25 1 LGND ANALOG SECTION LOGIC GROUND
ANALOG GROUND AGND s 24 1 VL+ ANALOG SECTION LOGIC POWER
ANALOG POWER DOWN INPUT  APD (s 23 [0 ICLKA ANALOG SECTION CLOCK INPUT
ANALOG CALIBRATE INPUT ACAL 07 2 [1 NC NO CONNECT
NO CONNECT NC O 21 1 OCLKD DIGITAL SECTION OUTPUT CLOCK
DIGITAL CALIBRATE OUTPUT DCAL [s 20 1 ICLKD DIGITAL SECTION CLOCK INPUT
DIGITAL POWER DOWN INPUT  DPD [j1o 19 [J DGND DIGITAL GROUND
TEST TST O B 1 VD+ DIGITAL SECTION POSITIVE POWER
SELECT CLOCK MODE CMODE [ 2 7 1 FSYNC FRAME SYNC SIGNAL
SELECT SERIAL 1/0O MODE SMODE (] 3 16 1 SDATA SERIAL DATA OUTPUT
LEFT/RIGHT SELECT LR O s [J SCLK SERIAL DATA CLOCK

Power Supply Connections
VA+ - Positive Analog Power, PIN 4.
Positive analog supply. Nominally +5 volts.

VL+ - Positive Logic Power, PIN 24.
Positive logic supply for the analog section. Nominally +5 volts.

AGND - Analog Ground, PIN 5.
Analog ground reference.

LGND - Logic Ground, PIN 25
Ground for the logic portions of the analog section.

VD+ - Positive Digital Power, PIN 18.
Positive supply for the digital section. Nominally +5 volts.

DGND - Digital Ground, PIN 19.
Digital ground for the digital section.

Analog Inputs

+AINL, +AINR - Differential Left and Right Channel Analog Inputs, PINS 1, 2, 27, 28
Analog input connections for the left and right input channels. Nominally 4Vpp full scale.

VREFIN - Voltage Reference Input, Pin 3
Normally tied to VREFOUT for 4Vpp differential input levels.
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Analog Outputs

VREFOUT - Voltage Reference OQutput, PIN 26.
Nominally +2.5 volts. Must be bypassed to VA+ with a 0.1 pUF ceramic capacitor in parallel
with a 10 pF electrolytic capacitor. Normally connected to VREFIN.

Digital Inputs

ICLKA - Analog Section Input Clock, PIN 23.
This clock is internally divided by 2 to set the modulators’ sample rate. Sampling rates, output
rates, and digital filter characteristics scale to ICLKA frequency. ICLKA frequency is 128 X the
output word rate. For example, a 6.144 MHz ICLKA corresponds to an output word rate of 48
kHz per channel. Normally connected to OCLKD.

ICLKD - Digital Section Input Clock, PIN 20.
This is the clock which runs the digital filter. ICLKD frequency is determined by the required
output word rate and by the CMODE pin. If CMODE is low, ICLKD frequency should be
256 X the desired output word rate. If CMODE is high, ICLKD should be 384 X the desired
output word rate. For example, with CMODE low, ICLKD should be 12.288 MHz for an output
word rate of 48 kHz. This clock also generates OCLKD, which is always 128 X the output
word rate.

APD - Analog Power Down, PIN 6.
Analog section power-down command. When high, the analog circuitry is in power-down
mode. APD is normally connected to DPD when using the power down feature. If power down
is not used, then connect APD to AGND.

DPD - Digital Power Down, PIN 10
Digital section power-down command. Bringing DPD high puts the digital section into
power-down mode. Upon returning low, the ADC starts an offset calibration cycle. This takes
4096 L/R periods (85.33 ms with a 12.288 MHz ICLKD). DCAL is high during the calibrate
cycle and goes low upon completion. DPD is normally connected to APD when using the
power down feature. A calibration cycle should always be initiated after applying power to the

supply pins.

ACAL - Analog Calibrate, PIN 7.
Analog section calibration command. When high, causes the left and right channel modulator
differential inputs to be shorted together. May be connected to DCAL.

CMODE - Clock Mode Select, PIN 12.
CMODE should be tied low to select an ICLKD frequency of 256 X the output word rate.
CMODE should be tied high to select an ICLKD frequency of 384 X the output word rate.
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SMODE - Serial Interface Mode Select, PIN 13.
SMODE should be tied high to select serial interface master mode, where SCLK, FSYNC and
L/R are all outputs, generated by internal dividers operating from ICLKD. SMODE should be
tied low to select serial interface slave mode, where SCLK, FSYNC and L/R are all inputs. In
slave mode, L/R, FSYNC and SCLK need to be derived from ICLKD using external dividers.

Digital Outputs

SDATA - Serial Data Output, PIN 16.
Audio data bits are presented MSB first, in 2’s complement format. Addltlonal tag bits, which
indicate input overload and left/right channel data are output immediately following each audio
data word.

DCAL - Digital Calibrate Output, PIN 9.
DCAL rises immediately upon entering the power-down state (DPD brought high). It returns
low 4096 L/R periods after leaving the power down state (DPD brought low), indicating the
end of the offset calibration cycle (which = 85.33 ms with a 12.288 MHz ICLKD). May be
connected to ACAL.

‘OCLKD - Digital Section Output Clock, PIN 21.
OCLKD is always 128 X the output word rate. Normally connected to ICLKA.

Digital Inputs or Outputs

SCLK - Serial Data Clock, PIN 15.
Data is clocked out on the falling edge of SCLK.

In master mode (SMODE high), SCLK is a continuous output clock at 64 X the output word
rate.

In slave mode (SMODE low), SCLK is an input, which requireé a clock at any frequency from
32 X to 128 X the output word rate (64 X is preferred). When FSYNC is high, SCLK clocks
_out serial data, except for the MSB which appears on SDATA when L/R changes.

L/R - Left/Right Select, PIN 14.
In_master mode (SMODE high), LR is an output whose frequency is at the output word rate.
L/R edges occur 1 SCLK cycle before FSYNC rises. When L/R is high, left channel data is on
SDATA, except for the first SCLK cycle. When L/R is low, right channel data is on SDATA,
except for the first SCLK cycle. The MSB data bit appears on SDATA one SCLK cycle after
L/R changes.

" In slave mode (SMODE low), LR is an input which selects the left or right channel for output
on SDATA. The rising edge of L/R starts the MSB of the left channel data. L/R frequency
must be equal to the output word rate.

Although the outputs of each channel are transmitted at different times, the two words in an
L/R cycle represent simultaneously sampled analog inputs.
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FSYNC - Frame Synchronization Signal, PIN 17.
In master mode (SMODE high), FSYNC is an output which goes high coincident with the start
of the first SDATA bit (MSB) and falls low immediately after the last SDATA audio data bit
(LSB).

In slave mode (SMODE low), FSYNC is an input which controls the clocking out of the data
bits on SDATA. FSYNC is normally tied high, which causes the data bits to be clocked out
immediately following L/R transitions. If it is desired to delay the data bits from the L/R edge,
then FSYNC must be low during the delay period. Bringing FSYNC high will then enable the
clocking out of the SDATA bits. Note that the MSB will be clocked out based on the L/R edge,
independent of the state of FSYNC.

Miscellaneous

NC - No Connection, PINS 8, 22.
These two pins are bonded out to test outputs. They must not be connected to any external
component or any length of PC trace.

TST -Test Input, PIN 11.
Allows access to the ADC test modes, which are reserved for factory use. Must be tied to
DGND.
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PARAMETER DEFINITIONS

Resolution - The total number of possible output codes is equal to 2N, where N = the number of bits
in the output word for each channel.

Dynamic Range - Full scale (RMS) signal to broadband noise ratio. The broadband noise is measured
over the specified bandwidth, and with an input signal 60dB below full-scale. Units in decibels.

Signal-to-Noise plus Distortion Ratio - The ratio of the rms value of the signal to the rms sum of all
other spectral components over the specified bandwidth (typically 10 Hz to 20 kHz), including
distortion components. Expressed in decibels.

Total Harmonic Distortion - The ratio of the rms sum of all harmonics up to 20 kHz to the rms value
of the signal. Units in percent.

Interchannel Phase Deviation - The difference between the left and right channel sampling times.
Interchannel Isolation - A measure of crosstalk between the left and right channels. Measured for
each channel at the converter’s output with the input under test grounded and a full-scale signal

applied to the other channel. Units in decibels.

Interchannel Gain Mismatch - The gain difference between left and right channels. Units in
decibels.

Gain Error - The deviation of the measured full scale amplitude from the ideal full scale amplitude
value.

Gain Drift - The change in gain value with temperature. Units in ppm/°C.

Bipolar Offset Error - The deviation of the mid-scale transition (111...111 to 000...000) from the ideal
(172 LSB below AGND). Units in LSBs.
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REFERENCES - All reprinted in this data book.

1) "A Stereo 16-bit Delta-Sigma A/D Converter for Digital Audio" by D.R. Welland, B.P. Del Sig-
nore, E.J. Swanson, T. Tanaka, K. Hamashita, S. Hara, K. Takasuka. Paper presented at the 85th
Convention of the Audio Engineering Society, November 1988.

2) " The Effects of Sampling Clock Jitter on Nyquist Sampling Analog-to-Digital Converters, and on
Oversampling Delta Sigma ADC’s" by Steven Harris. Paper presented at the 87th Convention of the
Audio Engineering Society, October 1989.

3) " An 18-Bit Dual-Channel Oversampling Delta-Sigma A/D Converter, with 19-Bit Mono Applica-

tion Example" by Clif Sanchez. Paper presented at the 87th Convention of the Audio Engineering
Society, October 1989.

Ordering Guide

Model  Resolution Passband SCLK Temperature Package
CS5349-KP  16-bits 24 kHz { active 0°C to 70 °C 28-pin Plastic DIP
CS5349-BP  16-bits 24 kHz { active -40°C to 85 °C  28-pin Plastic DIP
CS5349-KS  16-bits 24 kHz d active 0°C to 70 °C 28-pin SOIC
CS5349-BS  16-bits 24 kHz { active -40°C to 85 °C  28-pin SOIC
CDB5349 CS5349 Evaluation Board

"KP" and "KS" suffix parts are guaranteed to operate over 0°C to 70°C, but tested only at 25°C. "BP"
and "BS" suffix parts are tested at the temperature extremes -40°C and +85°C.
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Semiconductor Corporation

CDB5349

Evaluation Board for CS5349

Features

® Demonstrates recommended layout
and grounding arrangements

® CS8402 Generates AES/EBU, SPDIF
& EIAJ-340 Compatible Digital Audio

® Buffered Serial Output Interface
® 16-Bit Parallel Output Interface
® Digital and Analog Patch Areas

® On-board or externally supplied system

General Description

The CDB5349 evaluation board allows fast evaluation
of the CS5349 16-bit, sterea A/D converter. The board
generates all converter timing signals and provides
both parallel and serial output interfaces. Evaluation re-
quires a digital signal processor, a low-distortion signal
source, and a power supply.

Also included is a CS8402 digital audio transmitter I.C.,
which can generate AES/EBU, SPDIF & EIAJ-340
compatible audio data.

The evaluation boards may also be configured to ac-
cept external timing signals for operation in a user
application during system development.

ORDERING INFORMATION:

.. CDB5349
timing
GND +5V EXTCLKIN
? t ___,? FSYNC
ANALOG POWER SUPPLY DIGITAL - =
PATCH REGULATION & PATCH ] B
AREA CONDITIONING AREA —_—_—@ UR
CLOCK / TIMING oLk
GENERATOR SERIAL
AINR = OUTPUT
;@_lnpm DATA
Buffer
CS5439 OFFSET '? SDATA
CALIBRATION L
A/D CONVERTER NETWORK
AINL ot SERIAL TO PARALLEL
é@ Buffer PARALLEL ——— OUTPUT
CONVERTER DATA
— css402 ——@ DiGITAL
DIGITAL AUDIO AUDIO
LNepRiver @ DATA

MAY '91
DS73DB1
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CDB5349

Power Supply Circuitry

The schematic diagram in Figure 1 shows the
evaluation board power supply circuitry. Power
is supplied to the evaluation board by four bind-
ing posts. The +5 Volt analog power supply
input for the converter is provided by the +5V
and AGND binding posts. The +5 Volt digital
supply for the converter and the discrete logic on
the board is provided by the +5V and DGND
binding posts. D1 and D2 are transient suppress-
ers which also provide protection from
incorrectly connected power supply leads. C30
provides general power supply filtering for the
analog supply. As shown in Figure 2, C10 and
C12 provide localized decoupling for the con-
verter VA+ pin. Space for a ferrite bead inductor,
L1, has been provided so that the board may be
modified to power the converter’s VD+ input di-
rectly from the VA+ supply. Note that the trace
connecting VD+ to L1 must be broken before L1
may be installed. R5 and C7 low-pass filter the
analog logic power supply pin, VL+. The evalu-
ation board uses both an analog and a digital

ground plane which are connected at a single
point by J1. This ground plane arrangement iso-
lates the board’s digital logic from the analog
circuitry.

Offset Calibration & Reset Circuit

Figure 1, shows the optional offset calibration
circuit provided on the evaluation board. Upon
power-up, this circuit provides a pulse on the
Analog to Digital Converter’s DPD pin initiating
an offset calibration cycle. Releasing SW1 also
initiates an offset calibration cycle. P6 (see Fig-
ure 2) selects the signal source used during
offset calibration. In the "AIN" position, the
AINL and AINR inputs are selected during cali-
bration. In the "ZERO" position, the AINL and
AINR inputs are disconnected and the differen-
tial inputs shorted for calibration.

Analog Inputs

As shown in Figure 2, the analog input signals
are connected to the CS5349 via an RC network.

sy O * > VA+
Analog
9 > -8, RST
AGND CS8402
= VD+ U7E
AGND DGND
D3
D1 = P6KE-6V8P from Thomson N4148
+5V VD+ b—> Cal
Digital SwWi1 0.1uF (DPD CS5349)
u7d
CAL 7 C15
DGND -
Figure 1. Power Supply and Reset Circuitry
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LESSIRL CDBS349
10 uF 0.1 uF
* |ct17 C16
VA+
3 26 <fzz TB
VD+
180 VREFIN VREF NC NC 6 P10
VD. + 00—
* + |1uF _JO.1uF APD 10 00
DPD Cal Cal
VL+ ACAL 4 P8 _an
9 g ,ZERO:
DCAL - oAL v_|D_+
VA+ CMODE oo
R7 % 20k
13 = .
Pins 1,13
e - ,
AGND SMODE " Uo
u1 TST [—00—
LGND CS5349 UR =
— |14 -
DGND UR UR
SDATA
AINR 16
' SDATA b—i-——» SDATA
SCLK
- 15
From AINR SCLK —2—’ SCLK
Buffers NPO FSYNC
Figs G >—ARN . Ll AINL+ 17
9% ¢ 1 FSYNC FSYNC
100 1000 pF c3
A1 NPO » 2
D >—"VV\ $ AINL- ICLKD ICLKD
100 1000 pF c1
NPO g OCLKD _ICLKA
21 23
ICLKA P7

* Optional

NC

1 u3
12288 MHz | VD+
Oscillator |4, |
Module

MCK
8402

Figure 2. ADC Connections
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R1-R4 and C1-C4 provide antialiasing and opti-
mum source impedance for the analog input
channels.

Figure 3 shows the input buffer circuit. This cir-
cuit converts the single ended inputs to
differential, and also elevates the center point of
the differential singles to approximately
+2.5 VThis can be used as an example input
buffer circuit for your application.

Timing Generator

P7 selects the master clock source supplied to
the ICLKD pin of the converter. As shipped
from the factory, P7 is set to the "INT" position
to select the 12.288 MHz clock signal provided
by U3. An external master clock signal may be
connected to the EXTCLKIN connector and se-
lected by placing P7 in the "EXT" position. Note
that R6, tied between EXTCLKIN and GND, is
available for impedance matching an external
clock source. The board is shipped with SMODE

high, which selects MASTER timing mode. In
this mode, SCLK, L/R and FSYNC are all out-
puts, generated by the converter from ICLKD.

Digital Audio Standard Interface

Included on the evaluation board is a CS8402
Digital Audio Line Driver. This device can im-
plement AES/EBU, S/PDIF and EIAJ-340
interface standards. Figure 4 shows the sche-
matic for the CS8402. P3 allows the C, U and V
bits to be driven from external logic. SW2 pro-
vides 8 DIP switches to select various modes
and bits for the CS8402. An output transformer
is included. A position for R20 is included to al-
low use in the consumer output mode. See the
CS8401 & CS8402 part data sheet for more in-
formation on the operation of the CS8402.

Serial Output Interface

The serial output interface is provided by the
SDATA, SCLK, FSYNC and L/R BNC connec-

A
10k
10k
——ANN—— A% -
10k ﬁVA+
AINR - 10k | 0.1uF
Utd > -
3, ] —\/\/\ 5| uta s S g
+
LT1013A 4 LT1013B
c
10K 10k
—— A ——
10k ! VA+
AINL - 10k 6 0.1 uF
uis A~ N
8, 5| V18 > 5D
+
LT1013A 4 LT1013B
— N\ \N—< VA+

10k

Figure 3. Input Buffer Circuit
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VD+
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14256789 3"
ocLkp P4
------ {- ' piIPpsw 8
5 6 SW 2
VD+ 9 1yps MCK  SCK  PRo [2e
+|C34 _|Co4 _
TuF " [0.1uFg S
GND — 3
P3 L L ‘ C1/FCO
CBL o 15 CBL Cc6/C2 4
.
a ) 9 CS8402 Co/C15 2
I T YA Y v2 18
o R16 20k = 4, EM1/C8
o + — (14
SN ¢ EMO/C9
y RI720k = 4 o1
o ¢ U CRE/FC1
-+ L\/\/\/\—_|__
= R1820k = —le —
21 Mo RST ———<‘ RST
R19
2
2 P 22 AN
M1 110
23| \o
SDATA  FSYNC  TXN |~
VD+ = 8 7
= SCHOTT 67125450
» *@ . PULSE PE65612
FSYNC 11
©S5349 { RESET2 -
SDATA >18 9 a2 b2 2 { UR cs5349
74HC08 74HCT74
u12B »
8| — CLK t————< FSYNC Cs5349
° @2 geT2
10
O
R11
47K
+5V

Figure 4. CS8402 Digital Audio Line Driver Connections

tors on the evaluation board. These outputs are
buffered, as shown in Figure 5, in order to iso-
late the converter from the digital signal
processor.- If slave mode is selected by pulling
SMODE low, then U9 (74HC243) will change to
the opposite direction, and act as an input buffer.
U9 is provided to protect against inadvertent ex-
ternal driving of SCLK, L/R and FSYNC while
in MASTER mode. U9 is not necessary in your
application circuit.

Jumper P4 allows the board to be configured for
either the CS5346, or the CS5349, which have
opposite polarities of SCLK.

Parallel Output Interface

Figure 6 depicts the parallel output interface on
the evaluation board. 16-bit words are assembled
from the serial data output of the converter. Each
bit of serial data is clocked out of the converter
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Pin 11

VD+
4
, R8 <20k A-to-B
. 13
SMODE Enable VD+
. °L | 13|Bto-A vee 1 :
'+ CS5349 Enable 0.1 uF
. 15T SCLK " 77} ceo
SCLK B1 U9 GND 1
17 FSYNG 10 7aHc243 _‘@%K
FSYNC . B2 L
UR 4 FSYNC
. LR I B3 =
. 16 SDATA 6 5 UR
. SDATA O—> SDATA A4 g A3
—_— VD+ =
4 8
o 6 ol T1o R9 é R10
usB o 320k ak 20k
UBC ) 74HCO08 ,» CS8402
= u7B l P4 Pin 6
o '~_>._I3 b. "o 5| 5346
T SpATA 1219 5340

U4, Us
595's

Figure 5. Serial Output Interface

on the rising edge of SCLK and shifted into the
16-bit shift register formed by U4 and U5 on
SCLK’s falling edge. After all data bits for the
selected channel have been shifted into U4 and
U5 the data is latched onto P1 by a delayed ver-
sion of FSYNC.

P5 selects the channel whose output data will be
converted to parallel form and presented on P1.
With P5 in the "B" (both) position, parallel data
from one channel will be presented first with
data from the other channel presented sub-
sequently. In the "L" (left) position, only left
channel conversions will be presented, while in
the "R" (right) position only right channel con-
versions are presented.

Two interface mechanisms are provided for read-
ing the data from this port. With the first, the
edges of L/R may be used to clock the parallel
data into the digital signal processor. (Set jumper
P2 into the L/R position.) Alternatively, a hand-
shake protocol implemented with DACK and
DRDY may be used to transfer data to the signal

processor. (Set jumper P2 to the DRDY posi-
tion.) The fall of DRDY informs the digital
signal processor that a new data word is avail-
able. The processor then reads the port and
acknowledges the transfer by asserting DACK.
Note that DRDY will not be asserted again un-
less DACK is momentarily brought high
although new data will continue to be latched
onto the port.

DS73DB1
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Figure 6. Parallel Output Interface
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CONNECTOR INPUT/OUTPUT SIGNAL PRESENT
+5 ANALOG input +5 Volts from analog power supply
AGND input analog ground connection from power supply
+5 DIGITAL input +5V digital supply for ADC VD+ and discrete logic
DGND input digital ground connection from power supply
AINL input left channel analog input
AINR input right channel analog input
EXTCLKIN input external master clock input
/R output/input left /right channel signal
SDATA output serial output data
SCLK output/input serial output clock
FSYNC output/input data framing signal
DIGITAL OUTPUT output CS8402 digital output via transformer
P3 output/input CS8402 C,U,V inputs; CBL output
P1 output parallel output data

Table 1. Systems Connections

JUMPER PURPOSE POSITION FUNCTION SELECTED
P6 selects signal offset or AIN offset cal to signal input
shorted inputs for calibration ZERO offset cal to shorted inputs
P7 selects master clock source *INT CLKIN provided by U2
for CS5349 .
EXT CLKIN provided by EXTCLKIN BNC
P5 selects channel for serial to L left channel data presented on P5
parallel conversion R right channel data presented on P5
B left then right channel data
alternately presented on P5
P2 selects L/R or DRDY as the *DRDY DRDY selected to signal the arrival of
output status signal presented new data for the selected channel
on P1 _ _
L/R L/R selected
P4 selects device type 5349 Correct SCLK for CS5349
5346 Correct SCLK for CS5346

* Default setting from factory
Table 2. Jumper Selectable Options
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Switch# | 0=Closed, 1=Open Comment
3 PRO=0 Professional Mode C0=1(default)
1 CRE Local Sample Address Counter & Reliability Flags
default 0 Disabled
1 Internally Generated
2,5 Cs, C7 C6,C7 - Sample Frequency
1 1 00 - Not Indicated - Default to 48 kHz
default 1 0 01 - 48 kHz
0o 1 10 - 44.1 kHz
0 0 11 - 32 kHz
4 c1 C1 - Audio
default 1 0 - Normal Audio
0 1 - Non-Audio
6 C9 C8,C9,C10,C11 - Channel Mode (1 of 4 bits)
1 0000 - Not indicated - Default to 2-channel
default 0 0100 - Stereophonic
87 EM1, EMO C2,C3,C4 - Emphasis (2 of 3 bits)
default 1 1 000 - Not Indicated - default to none
1 0 100 - No emphasis
o 1 110 - 50/15 us
0 o0 111 - CCITT J.17

Table 3. Switch Definitions - Professional Mode
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Switch# | 0=Closed, 1=Open Comment
3 PRO=1 Consumer Mode C1=0 (Note 1)

1,4 »FC1, FCO C24,C25,C26,C27 - Sample Frequency

0000 - 44.1 kHz

0100 - 48 kHz

1100 - 32 kHz

0000 - 44.1 kHz, CD Mode

o
o

—_ -0
- -

C3,C4,C5 - Emphasis (1 ‘of 3 bits)

000 - None
100 - 50/15 ps

C2 - Copy/Copyright

0 - Copy Inhibited/Copyright Asserted
1 - Copy Permitted/Copyright Not Asserted

o~ Qlle~ gl

[}
9]
=
3

C15 - Generahon Status

1 0- Defmmon is based on category code.
0 1- See CS8402 Data Sheet, App. A

87 C8-C14 - Category Code (2 of 7 bits)

c9
1 0000000 - General
0 0100000 - PCM encoder/decoder
1
0

1000000 - Compact Disk - CD
1100000 - Digital Audio Tape - DAT

Note: 1. The evaluation board is shipped from the factory in the Professional mode. Changing switch 3 to
open places the CS8402 in Consumer mode; however, the hardware is not set up for consumer
mode. To modify the hardware for Consumer mode, change R19 to 374Q and add R20 at 90.9Q.

. Then, as shown in the figure below, cut the trace connecting TXN to the transformer, and connect
the transformer side to the ground hole provided. For a full explanation, see the CS8402 data
sheet, Appendix B.

Table 4. Switch Definitions - Consumer Mode

o0 RI19

TXP

) YWV—s
oo csa4oz
; U2 90.9 % H
‘ TXN i:L'

D|g|ta|
Output

2

SCHOTT 67125450
PULSE PE65612
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18-Bit, Stereo A/D Converter for Digital Audio

Features General Description
The CS5389 is a complete analog-to-digital converter for
® Complete CMOS Stereo A/D System stereo digital audio systems. It performs sampling, ana-
Delta-Sigma A/D Converters log-to-digital  conversion and anti-alias filtering,
Digital Anti-Alias Filtering generating 18-bit values for both left and right inputs in
S/H Circuitry and Voltage Reference serial form. The output word rate can be up to 50 kHz
per channel.
® Adi .
Adj?ﬁéﬁjﬂﬁ]sésgﬁmzszzns) III?IEJIZR; tfngz The CS5389 uses 5th-order, delta-sigma modulation
9 o with 64X oversampling followed by digital filtering and
® 107 dB Dvnamic Range (A-Weighted decimation, which removes the need for an external anti-
y ge ( 9 ) alias filter. The ADC uses a differential architecture
@® Low Noise and Distortion which provides excellent noise rejection.
100dB THD + N The CS5389 has a filter passband of dc to 24kHz. The

filters have linear phase, 0.01 dB passband ripple, and
>80 dB stopband rejection.

@® Linear Phase Digital Anti-Alias Filtering The CS5389 is targeted for the most demanding
professional audio systems requiring wide dynamic
range and low noise and distortion.

ORDERING INFORMATION:
Model Temp. Range Package Type
® Evaluation Board Available CS5389-KP 0°to 70°C  28-pin Plastic DIP

® Internal 64X Oversampling

® L ow Power Dissipation: 550 mW
Power-Down Mode

ICLKA APD ACAL OCLKD  ICLKD FSYNC SCLK LR

SDATA

CMODE
SMODE

Serial Output Interface

x

Digital Decimation
Filter

AINR- Digital Decimation

[
o
" | —
[
[

Filter
AINR+
Calibration Calibration
AGND ' o Microcontroller SRAM '
23 24 i7 fG ls LO 17 18
VA+ VA- V0L+ LGND DCAL 'DPD VD+ DGND

This document contains information for a new product. Crystal Semi-

Preliminary Product Information ‘ conductor reserves the right to modify this product without notice.

Crystal Semiconductor Corporation ) ) ) SEPT 93
P.O. Box 17847, Austin, TX 78760 Copyright © Crystal ng/conductor Corporation 1993 DS87PP2
(512) 4457222 FAX: (512) 445-7581 (Al Rights Reservea) 3-135
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ANALOG CHARACTERISTICS (Ta = 25°C; VA+, VL+,VD+ = 5V; VA-

newave, 1kHz; Output word rate = 48 kHz; SCLK = 3.072 MHz; Source Impedance = 39Q with 6.8 nF across
AIN+, AIN-; Measurement Bandwidth is 20 Hz to 20 kHz unless otherwise specified; Logic 0 = 0V,

-5V; Full-scale Input Si-

Logic 1 = VD+;
CS5389-K
Parameter Symbol Min Typ Max Units
Resolution 18 - - Bits
Dynamic Performance
Dynamic Range 102 104 - dB
(A-weighted) - 107 - dB
Total Harmonic Distortion + Noise THD+N
0dB - -100 - dB
-20 dB - -84 -82 dB
-60 dB - -44 -42 dB
Interchannel Phase Deviation - 0.0001 - °
Interchannel Isolation 106 120 - dB
dc Accuracy
Interchannel Gain Mismatch - 0.05 - dB
Gain Error - +1 +5 %
Gain Drift - 50 150 ppm/°C
Bipolar Offset Error (After Calibration) - +5 +20 LSB
Offset Calibration Range - +50 - mV
Analog Input
Full-scale Differential Input Voltage (Note 1)| VIN 14.0 14.72 - Vpp
Input Impedance ZIN - 25 - kQ
Common-Mode Rejection CMRR - 115 - dB
Power Supplies
Power Supply Current (VA+)+(VL+) | 1A+ - 37.5 55 mA
with APD, DPD low VA-| I;A- - 37.5 55 mA
(Normal Operation) VD+| Ip+ - 35.0 50 mA
Power Supply Current (VA+)+(VL+) | 1A+ - 100 - pA
with APD, DPD high VA-| IA- - 100 - nA
(Power-Down Mode) VD+| Ip+ - 100 - uA
Power Consumption (APD, DPD Low)| PDN - 550 800 mW
(APD, DPD High) | PDS - 1.5 - mw
Power Supply (dc to 28 kHz) PSRR - 65 - dB
Rejection Ratio (28 kHz to 3.046 MHz) - 100 - dB

Notes: 1. Specified for a fully differential input £{(AINR+)-(AINR-)}.The ADC accepts input voltages up to the
analog supplies (VA+, VA-). Full-scale outputs will be produced for differential inputs beyond Vin.

This value is subject to the gain error tolerance specification

* Refer to Parameter Definitions at the end of this data sheet.

Specifications are subject to change without notice
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DIGITAL FILTER CHARACTERISTICS
(TA = 25 °C; VA+, VL+ ,VD+ = 5V £ 5%; VA- = -5V + 5%; Output word rate of 48 kHz)

Parameter Symbol| Min Typ Max Units
Passband (-3dB) 0 - 24 kHz
(-0.01 dB) 0 - 22 kHz
Passband Ripple - - +0.01 dB
Stopband 28 - 3044 kHz
Stopband Attenuation (Note 2) 80 - dB
Group Delay (OWR = Output Word Rate) tgd - 18/OWR - 5
Group Delay Variation vs Frequency Atgd - - 0.0 us

Notes: 2. The analog modulator samples the input at 3.072MHz for an output word rate of 48 kHz. There is
no rejection of input signals which are (n x 3.072MHz) +22kHz, where n = 0,1,2,3...

DIGITAL CHARACTERISTICS
(TA = 25 °C; VA+, VL+ VD+ = 5V £ 5%; VA- = -5V £ 5%)

Parameter Symbol| Min Typ Max Units
High-Level Input Voltage VIH |70%VD+ - - \Y%
Low-Level Input Voltage VIL - - 30%VD+ \
High-Level Output Voltage at Ip = -20 pA VOH 4.4 - - Vv
Low-Level Output Voltage at lp = 20 pA VoL - - 0.1 \'
Input Leakage Current lin - 1.0 - LA

ABSOLUTE MAXIMUM RATINGS (AGND, DGND = 0V, All voltages with respect to ground.)

Parameter Symbol| Min Typ Max Units
DC Power Supplies: Positive Analog VA+ -0.3 - +6.0 \
Negative Analog VA- +0.3 - -6.0 \
Positive Logic VL+ -0.3 - +6.0 \
Positive Digital VD+ -0.3 - +6.0 \
IVA+ - VD+ - - 0.4 \
IVA+ - VL+ - - 0.4 \"
IVD+ - VL+I - - 0.4 \
Input Current Any Pin Except Supplies lin - - +10 mA
Peak Analog Input Voltage (AINL+/- and AINR +/- pins) VIN |(VA-)-0.4 - (VA+)+0.4 \
Digital Input Voltage VIND -0.3 - (VD+)+0.4 \
Ambient Operating Temperature (Power Applied) TA -55 - +125 °C
Storage Temperature Tstg -65 - +150 °C

WARNING: Operation beyond these limits may result in permanent damage to the device.
Normal operation is not guaranteed at these extremes.
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(Ta =25°C; VA+, VL+, VD+ =5V £5%; VA-=-5V +5%; Inputs: Logic 0 = 0V, Logic 1 = VD+;

CL = 20 pF)
Parameter Symbol Min Typ Max Unit

ICLKD Period (CMODE low) t clkwi 78 - 3906 ns
ICLKD Low (CMODE low) t ki1 31 - - ns
ICLKD High (CMODE low) t clkh1 31 - - ns
ICLKD rising to OCLKD rising (CMODE low) tiot 5 - 40 ns
ICLKD Period (CMODE high) t clkw2 52 - 2604 ns
ICLKD Low (CMODE high) t clki2 20 - - ns
ICLKD High (CMODE high) t clkh2 20 - - ns
ICLKD rising or falling to OCLKD rising (CMODE high, Note 3) tio2 5 - 45 - ns
ICLKD rising to L/R edge (CMODE low, MASTER mode) tiirt 5 - 50 ns
ICLKD rising to FSYNC edge (CMODE low, MASTER mode) tifs1 5 - 50 ns
ICLKD rising to SCLK edge (CMODE low, MASTER mode) tisclki 5 - 50 ns
ICLKD falling to LR edge (CMODE high, MASTER mode) tilro 5 - 50 ns
ICLKD falling to FSYNC edge (CMODE high, MASTER mode) tifs2 5 - 50 ns
ICLKD falling to SCLK edge (CMODE high, MASTER mode) tisclk2 5 - 50 ns
SCLK falling to SDATA valid (MASTER mode) t sdo 0 - 50 ns
SCLK duty cycle (MASTER mode) 40 50 - 60 %
SCLK falling to LR (MASTER mode) t msir -20 - 20 ns
SCLK falling to FSYNC (MASTER mode) t msfs -20 - 20 ns
SCLK Period (SLAVE mode) t solkw 155 - - ns
SCLK Pulse Width Low (SLAVE mode) t sclki 60 - - ns
SCLK Pulse Width High (SLAVE mode) t sclkh 60 - - ns
SCLK falling to SDATA valid (SLAVE mode) t dss - - 50 ns
L/R edge to MSB valid (SLAVE mode) tIrdss - - 50 ns
Rising SCLK to L/R edge delay (SLAVE mode) tgirt 30 - - ns
LR edge to rising SCLK setup time (SLAVE mode) tsir2 30 - - ns
Rising SCLK to rising FSYNC delay (SLAVE mode) t sfst 30 - - ns
Rising FSYNC to rising SCLK setup time (SLAVE mode) t sfs2 30 - - ns
DPD pulse width tpdw | 2 X tokw - - ns
DPD rising to DCAL rising tper - - 50 ns
DPD falling to DCAL falling (OWR = Output Word Rate) t pef 4096 1/OWR

Notes: 3. ICLKDvrising or falling depends on DPD to L/R timing (see Figure 2).
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toikh ol
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-'l tt:ll;w I‘“

OCLKD '
(CMODE low)
l— liot

LR output I X

(MASTER mode)

iiry

lifs1

SCLK output
(MASTER mode)

FSYNC output
(MASTER mode)

tisclk1

ICLKD to Outputs Propagation Delays (CMODE low)

SCLK output
(MASTER mode) w

v F-l output |
(MASTER mode)
— f— ‘sdo
SDATA |
T |-— tmsts
FSYNC output
(MASTER mode)

SCLK to SDATA, L/R & FSYNC - MASTER Mode

tsclkl sclkh

SCLK input
(SLAVE mode)

tsirt tsir2

| ™ r- tsclkw
L/R input |
(SLAVE mode)
_J r_‘lrdss ] e tdss
SDATA MSB | MSB-1 | MSB-2

SCLK to L/R & SDATA - SLAVE mode, FSYNC high

tsfs1  wfe tsfs2 "
SCLK input |
(SLAVE mode) I

FSYNC input
(SLAVE mode)

SDATA MsB X MSB-1 ><MSB—2
FSYNC to SCLK - SLAVE Mode, FSYNC Controlled.

teikh2 teiki2

P

T
OCLKD |
(CMODE high) |
l— Y02
UR output I
(MASTER mode) | X

FSYNC output
(MASTER mode) j

SCLK output
(MASTER mode) |

ICLKD to Outputs Propagation Delays (CMODE high)

tper lpcf
—
I B S

tpor 1

-
P l |
DCAL —J(—\—_‘

Power Down & Calibration Timing
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RECOMMENDED OPERATING CONDITIONS

(AGND, DGND = 0V, all voltages with respect to ground.)

Parameter Symbol | Min Typ Max Units
DC Power Supplies: Positive Digital VD+ 4.75 5.0 5.25 \
Positive Logic VL+ 475 5.0 5.25 \Y
Positive Analog VA+ 475 5.0 5.25 \'%
Negative Analog VA- -4.75 -5.0 -5.25 \Y
IVA+ - VD+l - - - 0.4 \
-5V Analog + Ferrite Bead
- — G — — 1 +5V Digital
+5V Analog 0.1 uF| 01 uF 0.1uF == Y
.1 u - -
¥ N ———
1uF 0.1 uF 510
VYV |a vt
28 VA+ VL+ VD+ APD <2 Power Down
. $ 0.22 uF VREF+ 10 & Calibrate
100 uF g ’ DPD s Control
27
VREF- ACAL E
g 0.22u DCAL
SMODE 12 Mode
Left Analog Input + 3 CMODE n Settings
AINL+
390 : CS5389
6.8 nF Audio
390 " A/D CONVERTER gparp |2 Data
N 4 Processor
VWW——s AINL- .
Left Analog Input - _ | 13
eft Analog Input UR —
. K 14 Timing
Right Analog Input : 2 SCL 6 Logic
VWWWWA AINR+ FSYNC & Clock
390 19
ICLKD
6.8 nF 20
22
WA AINR- ICLKA
Right Analog Input - 8 .
TSTO1 == [ TSTO pins should be left
TSTO2 — floating, with no trace
- + Ferrite bead may
-5V Analog VA- LGND DGND AGND be used if VD+ is

0.1 uF ” g J?la i;

*61%6

4

Figure 1. Typical Connection Diagram

derived from VA+.
If used, do not drive
any other logic
from VD+.

An example ferrite
bead is Permag
VK200-2.5/52

3-140

DS87PP2



r 4 Jyil £ 4 14
N EErew e N mws
NSy e 5 N

Cs5389

GENERAL DESCRIPTION

The CS5389 is an 18-bit, stereo A/D converter de-
signed specifically for stereo digital audio
applications. The device uses two one-bit delta-
sigma modulators which simultaneously sample
the analog input signals at a 64 X sampling rate.
The resulting serial bit streams are digitally fil-
tered, yielding pairs of 18-bit values. This
technique yields nearly ideal conversion perform-
ance independent of input frequency and
amplitude. The converter does not require diffi-
cult-to-design or expensive. anti-alias filters and it
does not require external sample-and-hold ampli-
fiers or voltage references.

On-chip voltage references provide for a differen-
tial input signal range of + 14.72 volts. Any offset
is internally calibrated out during a power-up self-
calibration cycle. Output data is available in serial
form, coded as 2’s complement 18-bit numbers.
Typical power consumption of only 550 mW can
be further reduced by use of the power-down
mode.

For more information on delta-sigma modulation
techniques see the references at the end of this
data sheet.

SYSTEM DESIGN

Very few external components are required to
support the ADC. Normal power supply decou-
pling components, voltage reference bypass
capacitors and a single resistor and capacitor on
each input for anti-aliasing are all that’s required,
as shown in Figure 1.

Master Clock Input

The master input clock (ICLKD) into the ADC
runs the digital filter and is used to generate the
modulator sampling clock. The required ICLKD
frequency is determined by the desired Output
Word Rate (OWR) and the setting of the CMODE
pin. CMODE high will set the ICLKD frequency
to 384 X OWR, while CMODE low will set the
ICLKD frequency to 256 X OWR. Table 1 shows
some common clock frequencies. The digital out-
put clock (OCLKD) is always equal to 128 X
OWR. OCLKD should be connected to ICLKA,
which controls the input sample rate.

The phase alignment between ICLKD and
OCLKD is determined as follows: when CMODE
is low, ICLKD is divided by 2 to generate
OCLKD. The phase relationship between ICLKD
and OCLKD is always the same and is shown in
the Switching Characteristics Timing Diagrams.
When CMODE is high, OCLKD is ICLKD di-

~ OCLKD/
LR | CMODE | ICLKD | ICLKA | SCLK
(kHz) (MHz) | (MHz) | (MH2)
32 low 8192 | 4.096 | 2.048
32 high 12.088 | 4.096 | 2.048
441 low 11.2896 | 5.6448 |2.8224
441 high | 16.9344 | 56448 |2.8224
48 low 12288 | 6.144 | 3.072
48 high 18.432 | 6.144 | 3.072

Table 1. Common Clock Frequencies

DS87PP2
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vided by 3. There are two possible phase relation-
ships between ICLKD and OCLKD, which
depend on the start-up timing between DPD and
L/R, shown in Figure 2.

ICLKD

Input

DPD .
Input

/R 1 . %
Input

OCLKD 1

Output

Ll R 2 . *kk l
Input |
OCLKD » '
Output

* DPD low is recognized on the next ICLKD rising edge (#0)
** L/Rrising before ICLKD rising #2 causes OCLKD -1
*** L/R rising after ICLKD rising #2 causes OCLKD - 2

Figure 2. ICLKD to OCLKD Timing with CMODE
high (384XOWR)

Serial Data Interface

MASTER mode and SLAVE mode are the 2 pri-
mary modes of operation for the serial data output
interface.

Master Mode

SCLK, L/R and FSYNC are outputs derived from
ICLKD in Master mode, Figure 3. Notice the one
SCLK cycle delay between L/R edges, SDATA
and FSYNC. FSYNC brackets the 16 most sig-
nificant data bits.

Slave Mode

L/R, FSYNC and SCLK become inputs in
SLAVE mode. L/R must be externally derived
from ICLKD and be equal to the Output Word
Rate. SCLK should be equal to 64 X OWR
though other frequencies are possible but may de-
grade system performance due to interference

effects. FSYNC may be high or used to control:
SDATA. With FSYNC high, data bits are clocked
out via the SDATA pin using the SCLK and L/R
inputs. The falling edge of SCLK causes the ADC
to output each bit, except the MSB, which is
clocked out by the L/R edge, as shown in Fig-
ure 4.

SCLK is ignored with FSYNC low and only the
MSB is clocked out after the I/R edge in SLAVE
mode / FSYNC controlled as shown in Figure 5.
Bringing FSYNC high will enable SCLK to clock
data out. This feature is particularly useful to mul-
tiplex multiple channels.

Certain serial modes align well with various inter-
face requirements. A CS5389 in MASTER mode,
with an inverted L/R signal, generates ’s
(Philips) compatible timing. A CS5389 (with an
inverted SCLK) in SLAVE mode emulates a
CS5326 style interface and also links to a
DSP56000 in network mode.

The serial nature of the output data results in the
left and right data words being read at different
times. However, the words within an L/R cycle
represent simultaneously sampled analog inputs.

Analog Connections

Figure 1 shows the analog input connections. The
analog inputs are presented differentially to the
modulators via the AINR+, AINR- and AINL+,
AINL- pins. Each analog input will accept a
maximum of 7.36 Vpp. The + and - input signals
are 180° out of phase resulting in a differential
input voltage of 14.72 Vpp. Figure 6 shows the
input signal levels for full scale.

The analog modulator samples the input at
3.072 MHz (64 x Fs) for an output word rate of
48 kHz. The digital filter will reject signals be-
tween 22 kHz and 3.072 MHz - 22 kHz.
However, there is no rejection for input signals
which are ( n x 3.072 MHz) +/- 22 kHz, where
n=0,1,2,... A 39 Q resistor in series with the ana-
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Figure 4. Data Output Timing - SLAVE Mode, FSYNC high
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Right Audio Data

Figure 5. Data Output Timing - SLAVE Mode, FSYNC controlled

Left Audio Data
* Rising FSYNC enables SCLK to clock out SDATA

** Falling FSYNC stops SCLK from clocking out SDATA

DS87PP2



A EER N [ £ £ L 5
Iy 4 L, Wiy /]

CS5389

568V CS5389
ov AIN+
-3.68V
368V — — e — —\— —
o — — —f— — AN-
368y — S L — L

Full Scale Input level= (AIN+) - (AIN-)= 14.72 Vpp
Figure 6. Full Scale Input Voltage

log input and a 6.8 nF NPO or COG capacitor be-
tween the inputs will attenuate any noise energy
at 3.072 MHz, in addition to providing the opti-
mum source impedance for the modulators. The
use of capacitors which have a large voltage coef-
ficient (such as general purpose ceramics) must be
avoided since these can degrade signal linearity. If
active circuitry precedes the ADC, it is recom-
mended that the above RC filter is placed between
the active circuitry and the AINR and AINL pins.
The above example frequencies scale linearly with
output word rate.

The on-chip voltage references are available at the
VREF+ and VREF- pins for the purpose of de-
coupling only. The circuit traces attached to these
pins must be minimal in length and no load cur-
rent may be taken from VREF+ or VREF-. The
recommended decoupling scheme, Figure 1, is a
100 pF electrolytic capacitor across VREF+ and
VREF- and two 0.22 pF ceramic capacitors con-
nected from VREF+ to GND and VREF- to
GND.

f— Cal Period

| (4096 x /R clocks) | |
(85.33 ms @ 48kHz) I

Power-Down and Offset Calibration

APD and DPD are the analog and digital power-
down pins. When high, they place the analog and
digital sections in the power-down mode wherein
typical power consumption drops to 1.5 mW.

Bringing DPD low exits power-down and initiates
an offset calibration cycle. During the calibration
cycle, the digital section measures the offset of
each channel and stores a corresponding value in
the calibration registers. This value is subtracted
from future conversions to produce an offset free
conversion. The calibration inputs are obtained
from the analog input pins (ACAL low) or AGND
(ACAL high).

The offsets generated by the input circuitry are in-
cluded when calibration is performed using the
analog input pins (ACAL low). DCAL should be
used to control a multiplexer which grounds the
user’s front-end in this mode. The DCAL output
will remain high for 4096 L/R clock cycles during
calibration as shown in Figure 7.

A delay of approximately 50 output words will
occur following calibration for the digital filter to
begin accurately tracking audio band signals.

Power-up Considerations

Upon initial application of power to the supply
pins, the data in the calibration registers will be
indeterminate. A calibration cycle should always
be initiated after application of power to replace
potentially large values of data in these registers
with the correct values.

— — Filter Delay Time

(~50 L/R periods)
(~1 ms @ 48 kHz)

!

|
DPD f \

! | Normal Operation
1

DCAL /

\‘

Figure 7. Initial Calibration Cycle Timing
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The modulators settle in a matter of microseconds
after the analog section is powered, either through
the application of power or by exiting the power-
down mode. The voltage reference will take a
much longer time to reach a final value due to the
presence of external capacitance on the VREF+
and VREF- pins. A time delay of approximately
10 ms/pF is required between APD going low and
DPD going low to allow for VREF settling. The
typical connection diagram of Figure 1 requires a
1 second delay.

APD should be tied to AGND if the analog power
down feature is not required. When using the ana-
log power down feature, DPD and APD may be
tied together if the capacitor across VREF+ and
VREF- is not greater than 10 uF Figure 17 shows
that a slight increase in distortion will result for
signals below 1 kHz and within 6 dB of fullscale
due to less than optimum VREF decoupling. Fig-
ure 17 demonstrates this effect at a -4 dB input
level.

Grounding and Power Supply Decoupling

As with any high resolution converter, the ADC
requires careful attention to power supply and
grounding arrangements if its potential perform-
ance is to be realized. Figure 1 shows the
recommended power arrangements, with VA+,
VA- and VL+ connected to a clean £ 5 V supply.
VD+, which powers the digital filter, may be run
from the system +5V logic supply, provided that
it is not excessively noisy (< 50 mV pk-to-pk).
Alternatively, VD+ may be powered from VA+
via a ferrite bead. In this case, no additional de-
vices should be powered from VD+. Analog
ground and digital ground should be connected
together near to where the supplies are brought
onto the printed circuit board. Decoupling capaci-
tors should be as near to the ADC as possible,
with the low value ceramic capacitor being the
nearest.

The printed circuit board layout should have sepa-
rate analog and digital regions and ground planes,
with the ADC straddling the boundary. All sig-
nals, especially clocks, should be kept away from
the VREF+ and VREF- pins in order to avoid un-
wanted coupling into the modulators. The VREF+
and VREF- decoupling capacitors, particularly the
0.22 pF, must be positioned to minimize the elec-
trical path from VREF+ and VREF- to Pin 1,
AGND. The CDB5389 evaluation board is avail-
able which demonstrates the optimum layout and
power supply arrangements, as well as allowing
fast evaluation of the ADC.

To minimize digital noise, connect the ADC digi-
tal outputs only to CMOS inputs.

Synchronization of Multiple CS5389

In systems where multiple ADC’s are required,
care must be taken to insure that the ADC internal
clocks are synchronized between converters to in-
sure simultaneous sampling. In the absence of
this synchronization, the sampling difference
could be one ICLKD period which is typically
81.4 nsec for a 48 kHz sample rate.

SLAVE MODE

Synchronous sampling in the slave mode is
achieved by connecting all DPD pins to a single
control signal and supplying the same ICLKD and
L/R to all converters.

MASTER MODE

The internal counters of the CS5389 are reset dur-
ing DPD/APD high and will start simultaneously
by insuring that the release of DPD for all con-
verters is internally latched on the same rising
edge of ICLKD. This can be achieved by con-
necting all DPD pins to the same control signal
and insuring that the DPD falling edge occurs
outside a £30 ns window either side of an ICLKD
rising edge.

DS87PP2
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PERFORMANCE 0.020
)
ke
Digital Filter é 0.0104
Figures 8 and 9 show the performance of the digi- 5
tal filter included in the ADC. All the plots S

assume an output word rate of 48 kHz. The filter 0.000 - - -
frequency response will scale precisely with '
changes in output word rate. The passband ripple
is flat to = 0.01 dB maximum. Stopband rejection
is greater than 80 dB. Figure 10 is an expanded

i iti -0.020 ' ,
view of the transition band. 3 Y 6 %0 24

Input Frequency (kHz)
Figure 9. CS5389 Digital Filter Passband Ripple
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Figure 8. CS5389 Digital Filter Stopband Rejection Figure 10. CS5389 Digital Filter Transition Band
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Performance Measurements

All the following performance measurements
were taken using an Audio Precision System One
Dual Domain tester. The CS5389 was in a
CDB5389 evaluation board, running at 48 kHz
word rate and interfaced to the System One via
the AES/EBU input using a CS8402 AES/EBU
transmitter.

CRYSTAL 1KM100DB
0

AMP1(dBFS) vs FREQ(Hz)

CRYSTAL FRQRESP  FLVL2(dBFS) & FLVL2(dBFS) vs FREQ(H2)

10 T T T T A

T P

00 160204L 100 1k 10k 20k
05 Figure 13. 1 kHz, -100 dB input FFT

10

A5 L Figure 13 shows a 1 kHz, -100 dB input signal
20 | FFT plot. Notice the lack of harmonic distortion
o5 | ol components. This is a direct result of the perfect
80 | - differential non-linearity of the delta-sigma archi-
85 tecture '
-4.0

20 100

Figure 11. Frequency Response

Figure 11 shows the CS5389 frequency response.

CRYSTAL NOISE

AMP1(dBFS) vs FREQ(Hz)
0

10k 20k

Figure 12. Noise Floor

Figure 12 shows the noise floor with zero input
signal level. A 16 K point FFT was used.

CRYSTAL THDNAMP FLVL2(dBFS) vs AMPL(dBr)
-60

, . Ap
70
T
o T S S

T

-120
-140 -120 -100 -80 -60 -40 -20 0

Figure 14. THD+N vs Input level at 1 kHz

Figure 14 shows the THD+N versus input level at
1 kHz. This plot indicates a dynamic range of
104 dB, with a small increase in distortion with a
full scale input.

DS87PP2
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50 100 1k 10k 20k 50 100 1k 5k
Figure 15. THD+N vs Frequency at -10 dB Figure 17. THD+N vs. FREQ at -4 dB

10 pF and 100 pF VREF Decoupling

Figure 17 demonstrates the effects of VREF de-
coupling at a -4 dB input level.

Figure 15 shows THD+N versus frequency at
-10 dB input. This indicates a value of 101 dB,
with minor degradation at high frequency.

CRYSTAL ADLIN FLVL2(dBFS) vs AMPL(dBr)

10 7o

s .

[}

4 Confirm Optimum

2 Schematic & Layout  \ @
o Before Building Your Board.
2 T,

P A S S S S For Our Free Review Service
I : . ; . Call Applications Engineering.
R Call: (512)445-7222
-10-140 -120 -100 -80 -60 -40 -20 0 '

Figure 16. Output level Error vs. Input level at 500 Hz

Figure 16 shows the linearity of the CS5389. The
input signal is at 500 Hz and is varied from O dB
(full scale) to -140 dB. At each input level, the
output level is measured and compared to the
perfect value. Any deviation is plotted as a devia-
tion away from O dB. Notice the close
conformance to perfect linearity, until the noise
starts to influence the readings at about -120 dB.
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PIN DESCRIPTIONS

ANALOG GROUND AGND
ANALOG POWER DOWN INPUT  APD [
LEFT CHANNEL ANALOG INPUT+  AINL+ |
LEFT CHANNEL ANALOG INPUT-  AINL- [
ANALOG CALIBRATE INPUT  ACAL O
ANALOG SECTION LOGIC GROUND LGND
ANALOG SECTION LOGIC POWER VL+ [
TEST OUTPUT TSTO1 [

DIGITAL CALIBRATE OUTPUT DCAL [

21 [1 TSTO2 TEST OUTPUT

© ® N O O A N -
N
£

20 [7 OCLKD DIGITAL SECTION OUTPUT

2 [ VREF+ VOLTAGE REFERENCE OUTPUT+
27 [1 VREF- VOLTAGE REFERENCE OUTPUT-

2 [J AINR+ RIGHT CHANNEL ANALOG INPUT+
2 1 AINR-  RIGHT CHANNEL ANALOG INPUT- ‘
0 VA-  NEGATIVE ANALOG POWER i
» 1 VA+  POSITIVE ANALOG POWER

2 [1ICLKA ANALOG SECTION CLOCK INPUT

DIGITAL POWER DOWN INPUT DPD ] 10 v [ ICLKD DIGITAL SECTION CLOCK INPUT
SELECT CLOCK MODE CMODE (] 11 1 1 DGND DIGITAL GROUND
SELECT SERIAL /O MODE SMODE [ 2 17 [J VD+ DIGITAL SECTION POSITIVE POWER
LEFT/RIGHT SELECT L/R s 16 1 FSYNC FRAME SYNC SIGNAL
SERIAL DATA CLOCK  SCLK 14 15 [ SDATA SERIAL DATA OUTPUT

Power Supply Connections

VA+ - Positive Analog Power, PIN 23.
Positive analog supply. Nominally +5 volts.

VL+ - Positive Logic Power, PIN 7.
Positive logic supply for the analog section. Nominally +5 volts.

VA- - Negative Analog Power, PIN 24.
Negative analog supply. Nominally -5 volts.

AGND - Analog Ground, PIN 1.
Analog ground reference.

LGND - Logic Ground, PIN 6.
Ground for the logic portions of the analog section.

VD+ - Positive Digital Power, PIN 17.
Positive supply for the digital section. Nominally +5 volts.

DGND - Digital Ground, PIN 18.
Digital ground for the digital section.

Analog Inputs
AINR-, AINR+ - Differential Right Channel Analog Inputs, PINS 25, 26

Analog input connections for the right channel differential inputs. Nominally 14.72 Vpp

(differential) for full scale.

DS87PP2
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AINL+, AINL- - Differential Left Channel Analog Inputs, PINS 3.4.
Analog input connections for the right channel differential inputs. Nominally 14 72 Vpp
(differential) for full scale.

Analog Outputs

VREF-, VREF+ - Voltage Reference Outputs, PINS 27,28.
Nominally +3.68 volts (VREF+) and -3.68 volts (VREF-) volts. Note the negatlve output
polarity on VREF-. See Figure 1 for recommended capacitive decoupling.

Digital Inputs

ICLKA - Analog Section Input Clock, PIN 22.
This clock is internally divided by 2 to set the modulators’ sample rate. Sampling rates, output
rates, and digital filter characteristics scale to ICLKA frequency. ICLKA frequency is 128 X the
output word rate. For example, 6.144 MHz ICLKA corresponds to an output word rate of
48 kHz per channel. Normally connected to OCLKD.

ICLKD - Digital Section Input Clock, PIN 19.
ICLKD clocks the digital filter and is the source for modulator sampling clock, OCKLD. The
required ICLKD frequency is determined by the desired output word rate and the CMODE pin.
If CMODE is low, ICLKD is 256 X the desired output word rate. If CMODE is high, ICLKD is
384 X the output word rate. For example, with CMODE low, ICLKD is 12.288 MHz for an
output word rate of 48 kHz.

APD - Analog Power Down, PIN 2.
Analog section power-down command. When high, the analog circuitry is in power-down
mode. APD is normally connected to DPD when using the power down feature. APD should
be connected to AGND if analog power-down is not used.

DPD - Digital Power Down, PIN 10.
Digital section power-down command. Bringing DPD high puts the digital section into
power-down mode. Upon returning low, the ADC starts an offset calibration cycle. This takes
4096 L/R periods (85.33 ms with a 12.288 MHz ICLKD). DCAL is high during the calibrate
cycle and goes low upon completion. DPD is normally connected to APD when using the
power down feature. A calibration cycle should always be initiated after applying power to the

supply pins.

ACAL - Analog Calibrate, PIN 5.
Analog section calibration command. When high, causes the left and right channel modulator
inputs to be internally connected to AGND respectively. Should be connected to DCAL.

CMODE - Clock Mode Select, PIN 11.
CMODE should be tied low to select an ICLKD frequency of 256 X the output word rate.
CMODE should be tied high to select an ICLKD frequency of 384 X the output word rate.
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SMODE - Serial Interface Mode Select, PIN 12.
SMODE should be tied high to select the serial interface master mode. SCLK, FSYNC and LR
are outputs generated by internal dividers operating from ICLKD. SMODE should be tied low
to select serial interface slave mode, where SCLK, FSYNC and L/R are all inputs. In slave
mode, L/R, FSYNC and SCLK need to be derived from ICLKD using external dividers.

Digital Outputs

SDATA - Serial Data Output, PIN 15.
Audio data bits are presented MSB first, in 2’s complement format.

DCAL - Digital Calibrate Output, PIN 9.
DCAL rises immediately upon entering the power-down state (DPD brought high). It returns
low 4096 L/R periods after leaving the power down state (DPD brought low), indicating the
end of the offset calibration cycle (which = 85.33 ms with a 12.288 MHz ICLKD). May be
connected to ACAL.

OCLKD - Digital Section Output Clock, PIN 20.
OCLKD is always 128 X the output word rate. Normally connected to ICLKA.

Digital Inputs or Outputs

SCLK - Serial Data Clock, PIN 14.
Data is clocked out on the falling edge of SCLK.

In master mode (SMODE high), SCLK is a continuous output clock at 64 X the output word
rate.

In slave mode (SMODE low), SCLK is an input, which requires a continuously supplied clock
at any frequency from 32 X to 128 X the output word rate (64 X is preferred). When FSYNC is
high, SCLK clocks out serial data, except for the MSB which appears on SDATA when L/R
changes.

L/R - Left/Right Select, PIN 13. _
In master mode (SMODE high), L/R is an output whose frequency is at the output word rate.
L/R edges occur 1 SCLK cycle before FSYNC rises. When L/R is high, left channel data is on
SDATA, except for the first SCLK cycle. When L/R is low, right channel data is on SDATA,
except for the first SCLK cycle. The MSB data bit appears on SDATA one SCLK cycle after
L/R changes.

In slave mode (SMODE low), L/R is an input which selects the left or right channel for output
on SDATA. The rising edge of L/R starts the MSB of the left channel data. L/R frequency
must be equal to the output word rate.

Although the outputs of each channel are transmitted at different times, the two words in an
L/R cycle represent simultaneously sampled analog inputs.

DS87PP2 3-151




yr J4 yr7 J J 114
-5y CS5389

FSYNC - Frame Synchronization Signal, PIN 16.
In master mode (SMODE high), FSYNC is an output which goes high coincident with the start
of the first SDATA bit (MSB) and falls low immediately after the sixteenth SDATA audio data
bit . :

In slave mode (SMODE low), FSYNC is an input which controls the clocking out of the data
bits on SDATA. FSYNC is normally tied high, which causes the data bits to be clocked out
immediately following L/R transitions. If it is desired to delay the data bits from the L/R edge,
then FSYNC must be low during the delay period. Bringing FSYNC high will then enable the
clocking out of the SDATA bits. Note that the MSB will be clocked out based on the L/R edge,
independent of the state of FSYNC.

Miscellaneous

TSTO1, TSTO2 - Test Output, PINS 8, 21.
These two pins are bonded out for factory test outputs. They must not be connected to any
external component or any length of PC trace.
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PARAMETER DEFINITIONS

Resolution - The total number of possible output codes is equal to 2N where N = the number of bits
in the output word for each channel.

Dynamic Range - Full scale (rms) signal to broadband noise ratio. The broadband noise is measured
over the specified bandwidth, and with an input signal 60dB below full-scale.

Total Harmonic Distortion plus Noise - The ratio of the rms sum of all spectral components over the
specified bandwidth (typically 10 Hz to 20 kHz), excluding signal, to the rms value of the signal.

Total Harmonic Distortion - The ratio of the rms sum of all harmonics up to 20 kHz to the rms value
of the signal.

Interchannel Phase Deviation - The difference between the left and right channel sampling times.
Interchannel Isolation - A measure of crosstalk between the left and right channels. Measured for
each channel at the converter’s output with the input under test grounded and a full-scale signal ap-

plied to the other channel. Units in decibels.

Interchannel Gain Mismatch - The gain difference between left and right channels. Units in deci-
bels.

Gain Error - The deviation of the gain value from the typical number given in the analog specifica-
tions table.

Gain Drift - The change in gain value with temperature. Units in ppm/°C.

Bipolar Offset Error - The deviation of the mid-scale transition (111...111 to 000...000) from the
ideal. (1/2 LSB below AGND). Units in LSBs.
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REFERENCES - All, except 1), are reprinted in this data book.

1) "A Fifth-Order Delta-Sigma Modulator with 110 dB Audio Dynamic Range" by 1. Fujimori,
K. Hamashita and E.J. Swanson. Paper presented at the 93rd Convention of the Audio Engineering So-
ciety, October 1992.

2) "A Stereo 16-bit Delta-Sigma A/D Converter for Digital Audio" by D.R. Welland, B.P. Del Sig-
nore, E.J. Swanson, T. Tanaka, K. Hamashita, S. Hara, K. Takasuka. Paper presented at the 85th
Convention of the Audio Engineering Society, November 1988. :

3) " The Effects of Sampling Clock Jitter on Nyquist Sampling Analog-to-Digital Converters, and on
Oversampling Delta Sigma ADC’s" by Steven Harris. Paper presented at the 87th Convention of the
Audio Engineering Society, October 1989.

4) " An 18-Bit Dual-Channel Oversampling Delta-Sigma A/D Converter, with 19-Bit Mono Applica-
tion Example" by Clif Sanchez. Paper presented at the 87th Convention of the Audio Engineering
Society, October 1989. ‘
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Semiconductor Corporation

CS5390

20-Bit, Stereo A/D Converter for Digital Audio

Features

® 110 dB Dynamic Range (A-Weighted)
® THD + N better than -100dB

® Adjustable System Sampling Rates
including 32kHz, 44.1 kHz & 48kHz

® Complete CMOS Stereo A/D System
Delta-Sigma A/D Converters
Digital Anti-Alias Filtering
S/H Circuitry and Voltage Reference

@ Internal 64X Oversampling

® Linear Phase Digital Anti-Alias Filtering
>100dB StopBand Attenuation
0.005dB Passband Ripple

® | ow Power Dissipation: 550 mW
Power-Down Mode

® Pin Compatible with CS5389

General Description

The CS5390 is a complete analog-to-digital converter for
stereo digital audio systems. It performs sampling, ana-
log-to-digital  conversion and anti-alias filtering,
generating 20-bit values for both left and right inputs in
serial form. The output word rate can be up to 50 kHz
per channel.

The CS5390 uses 5th-order, delta-sigma modulation
with 64X oversampling followed by digital filtering and
decimation, which removes the need for an external anti-
alias filter. The ADC uses a differential architecture
which provides excellent noise rejection.

The CS5390 has a filter passband of dc to 21.7kHz. The
filters have linear phase, 0.005 dB passband ripple, and
>100 dB stopband rejection.

The CS5390 is targeted for the highest performance
professional audio systems requiring wide dynamic
range, negligible distortion and low noise. Pin compati-
bility with the CS5389 allows a simple upgrade path
without hardware changes.

ORDERING INFORMATION:

Model Temp. Range Package Type
@ Evaluation Board Available CS5390-KP 0°to 70°C  28-pin Plastic DIP
ICLKA APD  ACAL OCLKD ICLKD  FSYNC SCLK LR
g o~ vo2 V2 . V5 _?2‘04 R :16_ _ _fm 1 13
VREF+ Y47, | e 550 spata
VREF- ' Vo 17 Serial Output Interface :; CMODE
' . 'y SMODE
AINL- *
AINL+ Digital Decimation
Filter
AINR- Digital Decimation
(] Filter
AINR+ I ¢ —
‘ Calibration Calibration
AGND Microcontroller [P~ sram
6 ls Tm 7 his

VL+

LGND DCAL DPD

Preliminary Product Information

This document contains information for a new product. Crystal Semi-
conductor reserves the right to modify this product without notice.

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

C ht © Ci / St dl C 1993 OcT 93
opyright © Crystal Semiconductor Corporation
(All Rights Reserved) DSt ngi Zi
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ANALOG CHARACTERISTICS (Ta = 25°C; VA+, VL+VD+ = 5V; VA- = -5V; Full-scale Input Si-

newave, 1kHz; Output word rate = 48 kHz; SCLK = 3.072 MHz; Source. Impedance = 39Q with 6.8 nF across
AIN+, AIN-; Measurement Bandwidth is 20 Hz to 20 kHz unless otherwise specified; Logic 0 = 0V,

Logic 1 = VD+
CS5390-K
Parameter Symbol Min Typ Max Units

Resolution 20 - - Bits
Dynamic Performance
Dynamic Range TBD 107 - dB

(A-weighted) - 110 - dB
Total Harmonic Distortion + Noise | THD+N

0dB - -100 - dB

-20 dB - -87 TBD dB

-60 dB - -47 TBD dB
Interchannel Phase Deviation - 0.0001 - °
Interchannel Isolation 106 120 - dB
dc Accuracy )
Interchannel Gain Mismatch - 0.05 - dB
Gain Error - 1 5 %
Gain Drift R - 50 150 ppm/°C
Bipolar Offset Error (After Calibration) - +5 +20 LSB
Offset Calibration Range - 50 - mV
Analog Input
Full-scale Differential Input Voltage (Note 1)| VIN 14.0 14.72 - Vpp
Input Impedance ZIN - 25 kQ
Common-Mode Rejection CMRR - 115 - dB
Power Supplies
Power Supply Current (VA+)+(VL+) | 1A+ - 37.5 55 mA
with APD, DPD low VA-| IA- - 375 55 mA
(Normal Operation) VD+| . ID+ - 35.0 TBD mA
Power Supply Current (VA+)+(VL+) | 1A+ - 100 - pRA
with APD, DPD high VA-| IA- - 100 - uA
(Power-Down Mode) VD+ | ID+ - 100 - nA
Power Consumption (APD, DPD Low)| PDN - 550 TBD mwW

(APD, DPD High)| PDS - 1.5 - mw

Power Supply (dc to 29 kHz) PSRR - 65 - dB
Rejection Ratio (29 kHz to0'3.046 MHz) - 90 - dB

Notes: 1. Specified for a fully differential input +{(AINR+)-(AINR-)}.The ADC accepts input voltages up to the
analog supplies (VA+, VA-). Full-scale outputs will be produced for differential inputs beyond VIN.

This value is subject to the gain error tolerance specification

* Refer to Parameter Definitions at the end of this data sheet.

Specifications are subject to change without notice.
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DIGITAL FILTER CHARACTERISTICS
(Ta = 25 °C; VA+, VL+ ,VD+ = 5V + 5%; VA- = -5V + 5%; Output word rate of 48 kHz)

Parameter Symbol| Min Typ Max Units
Passband (-0.005 dB) 0 - 21.7 kHz
Passband Ripple - - +0.005 dB
Stopband 29 - 3043 kHz
Stopband Attenuation (Note 2) 100 - dB
Group Delay (OWR = Output Word Rate) tgd - 18/OWR - s
Group Delay Variation vs Frequency Atgd - - 0.0 us

Notes: 2. The analog modulator samples the input at 3.072MHz for an output word rate of 48 kHz. There is
no rejection of input signals which are (n x 3.072MHz) +21.7kHz, where n = 0,1,2,3...

DIGITAL CHARACTERISTICS
(T = 25 °C; VA+, VL+ ,VD+ = 5V £ 5%; VA- = -5V + 5%)

Parameter Symbol| Min Typ Max Units
High-Level Input Voltage VIH |70%VD+ - - \
Low-Level Input Voltage VIL - - 30%VD+ \Y
High-Level Output Voltage at lo = -20 pA VOH 4.4 - - \
Low-Level Output Voltage at lop = 20 nA VoL - - 0.1 v
Input Leakage Current lin - 1.0 - A

ABSOLUTE MAXIMUM RATINGS (AGND, DGND = 0V, All voltages with respect to ground.)

Parameter Symbol| Min Typ Max Units
DC Power Supplies: Positive Analog VA+ -0.3 - +6.0 \
Negative Analog VA- +0.3 - -6.0 \
Positive Logic VL+ -0.3 - +6.0 \
Positive Digital VD+ -0.3 - +6.0 \
IVA+ - VD+l - - 0.4 \%
IVA+ - VL+ - - 0.4 Vv
IVD+ - VL+| - - 0.4 \Y
Input Current Any Pin Except Supplies lin - - +10 mA
Peak Analog Input Voltage (AINL+/- and AINR +/- pins) VIN |(VA-)-0.4 - (VA+)+0.4 \"
Digital Input Voltage VIND -0.3 - (VD+)+0.4 \%
Ambient Operating Temperature (Power Applied) TA -55 - +125 °C
Storage Temperature Tstg -65 - +150 °C

WARNING: Operation beyond these limits may result in permanent damage to the device.
Normal operation is not guaranteed at these extremes.
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SWITCHING CHARACTERISTICS

CS5390
O

(Ta =25°C; VA+, VL+, VD+ =5V £5%; VA-=-5V +5%; Inputs: Logic 0 = 0V, Logic 1 = VD+;

CL =20 pF) :
Parameter Symbol Min Typ Max Unit

ICLKD Period (CMODE low) t clkwi 78 - 390.6 ns
ICLKD Low (CMODE low) telki1 31 - - ns
ICLKD High (CMODE low) t clkhi 31 - - ns
ICLKD rising to OCLKD rising (CMODE low) tio1 5 - 40 ns
ICLKD Period (CMODE high) t clkw2 52 - 260.4 ns
ICLKD Low (CMODE high) t clki2 20 - - ns
ICLKD High (CMODE high) . t clkh2 20 - - ns
ICLKD rising or falling to OCLKD rising (CMODE high, Note 3) tio2 5 - 45 ns
ICLKD rising to LR edge (CMODE low, MASTER mode) tirt 5 - 50 ns
ICLKD rising to FSYNC edge (CMODE low, MASTER mode) tifs1 5 - 50 ns
ICLKD rising to SCLK edge (CMODE low, MASTER mode) tisclk1 5 - 50 ns
ICLKD falling to L/R edge (CMODE high, MASTER mode) tire 5 - 50 ns
ICLKD falling to FSYNC edge (CMODE high, MASTER mode) tifso 5 - 50 ns
ICLKD falling to SCLK edge (CMODE high, MASTER mode) tisclke 5 - 50 ns
SCLK falling to SDATA valid (MASTER mode) t sdo 0 - 50 ns
SCLK duty cycle (MASTER mode) 40 50 60 %
SCLK falling to L/R (MASTER mode) t mslr -20 - 20 ns
SCLK falling to FSYNC (MASTER mode) t msfs -20 - 20 ns
SCLK Period (SLAVE mode) t sclkw 155 - - ns
SCLK Pulse Width Low (SLAVE mode) t sclki 60 - - ns
SCLK Pulse Width High (SLAVE mode) t sclkh 60 - - ns
SCLK falling to SDATA valid (SLAVE mode) t dss - - 50 ns
L/R edge to MSB valid (SLAVE mode) tydss - - 50 ns
Rising SCLK to L/R edge delay (SLAVE mode) tsirt 30 - - ns
L/R edge to rising SCLK setup time (SLAVE mode) tsir2 30 - - ns
Rising SCLK to rising FSYNC delay (SLAVE mode) tsfs1 30 - - ns
Rising FSYNC to rising SCLK setup time (SLAVE mode) tsfs2 30 - - ns
DPD pulse width tpdw | 2 X tekw - - ns
DPD rising to DCAL rising tper - - 50 ns
DPD falling to DCAL falling (OWR = Output Word Rate) t pef 4096 1/OWR

Notes: 3. ICLKD rising or falling depends on DPD to L/R timing (see Figure 2).
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RECOMMENDED OPERATING CONDITIONS
(AGND, DGND = 0V, all voltages with respect to ground.)

Parameter Symbol | Min Typ Max Units
DC Power Supplies: Positive Digital VD+ 475 5.0 5.25 \
Positive Logic VL+ 4.75 5.0 5.25 v
Positive Analog VA+ 4.75 5.0 5.25 \
Negative Analog VA- -4.75 -5.0 -5.25 \
IVA+ - VD+l - - - 0.4 \
-5V Analog + Ferrite Bead
- — — TN — — - +5V Digital
+5V Analog 0.1 uF] 0.1uF == == 1uF
- - ! 0.1 uF = =
T SR VWWW—e——
1uF 0.1 uF 510
6 g 23 7 g 17
8 VA+ VL+ VD+ APD 2 Power Down
. - 0.22 uF VREF+ 10 & Calibrate
100 uF 'vf' ’ DPD ¢ s Control
Ij_ﬂ ACAL j
VREF- 9
_v{_ 0.22 uF| DCAL
SMODE 12 Mode
Left Analog Input + 3 cMoDE M Settings
AINL+
390 CS5390
6.8 nF 15 Audio
390 . A/D CONVERTER gpata Data
Processor
AINL- x
N _ | 13
Left Analog Input UR —
) SCLK 14 Timing
. Right Analog Input:- o6 6 Logic
VW AINR+ FSYNC & Clock
390 ICLKD [+

390 T 25 OCLKD
WV -—8 AINR- :2j2

ICLKA
Right Analog Input -

8
TSTO1 = [ TSTO pins should be left
TSTO2 |— floating, with no trace
- + Ferrite bead may
-5V Analog VA- LGND DGND AGND be used if VD+ is
R ~ [24 |6 e 1 derived from VA+.
1 1 04 uF = If used, do not drive
L1u

+ 1uF — any other logic
6 <7 fro¥n VD+.
= An example ferrite
bead is Permag
VK200-2.5/52

Figure 1. Typical Connection Diagram
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GENERAL DESCRIPTION

The CS5390 is a 20-bit, stereo A/D converter de-
signed specifically for stereo digital audio
applications. The device uses two one-bit delta-
sigma modulators which simultaneously sample
the analog input signals at a 64 X sampling rate.
The resulting serial bit streams are digitally fil-
tered, yielding pairs of 20-bit values. This
technique yields nearly ideal conversion perform-
ance independent of input frequency and
amplitude. The converter does not require diffi-
cult-to-design or expensive anti-alias filters and it
does not require external sample-and-hold ampli-
fiers or voltage references.

On-chip voltage references provide for a differen-
tial input signal range of 14.72 Vpp. Any offset is
internally calibrated out during a power-up self-
calibration cycle. Output data is-available in serial
form, coded as 2’s complement 20-bit numbers.
Typical power consumption of only 550 mW can
be further reduced by use of the power-down
mode.

The CS5390 is pin compatible with the CS5389,
and it offers wider dynamic range and twenty bit
resolution. The pin compatibility of the CS5390
provides a simple upgrade path to systems cur-
rently using the CS5389.

For more information on delta-sigma modulation
techniques see the references at the end of this
data sheet.

SYSTEM DESIGN

Very few external components are required to
support the ADC. Normal power supply decou-
pling components, voltage reference bypass
capacitors and a single resistor and capacitor on
each input for anti-aliasing are all that’s required,
as shown in Figure 1.

Master Clock Input

The master input clock (ICLKD) into the ADC
runs the digital filter and is used to generate the
modulator sampling clock. The required ICLKD
frequency is determined by the desired Output
Word Rate (OWR) and the setting of the CMODE
pin. CMODE high will set the ICLKD frequency
to 384 X OWR, while CMODE low will set the
ICLKD frequency to 256 X OWR. Table 1 shows
some common clock frequencies. The digital out-
put clock (OCLKD) is always equal to 128 X
OWR. OCLKD should be connected to ICLKA,
which controls the input sample rate.

The phase alignment between ICLKD and
OCLKD is determined as follows: when CMODE
is low, ICLKD is divided by 2 to generate
OCLKD. The phase relationship between ICLKD
and OCLKD is always the same and is shown in
the Switching Characteristics Timing Diagrams.
When CMODE is high, OCLKD is ICLKD di-
vided by 3. There are two possible phase

OCLKD/
/R CMODE | ICLKD | ICLKA | SCLK
(kHz) (MHz) (MH2) (MHz)
32 low 8.192 4.096 2.048
32 high 12.288 | 4.096 2.048
441 low 11.2896 | 5.6448 | 2.8224
441 high 16.9344 | 56448 | 2.8224
48 low 12.288 6.144 3.072
48 high 18.432 6.144 3.072

Table 1. Common Clock Frequencies

DS105PP2
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CS5390

relationships between ICLKD and OCLKD,
which depend on the start-up timing between
DPD and L/R, shown in Figure 2.

Serial Data Interface
01 2 3 4 5 6 7

ICLKD

Input

DPD R

Input |
= |

L/R

Input

OCLKD 1

Output

L/R 2

Input

OCLKD »

Output

* DPD low is recognized on the next ICLKD rising edge (#0)
** L/R rising before ICLKD rising #2 causes OCLKD -1
*** LR rising after ICLKD rising #2 causes OCLKD - 2

-
:

Figure 2. ICLKD to OCLKD Timing with CMODE
high (384XOWR)

MASTER mode and SLAVE mode are the 2 pri-
mary modes of operation for the serial data output
interface.

Master Mode

SCLK, L/R and FSYNC are outputs derived from
ICLKD in Master mode, Figure 3. Notice the one
SCLK cycle delay between L/R edges, SDATA
and FSYNC. FSYNC brackets the 16 most sig-
nificant data bits.

Slave Mode

L/R, FSYNC and SCLK become inputs in
SLAVE mode. L/R must be externally derived
from ICLKD and be equal to the Output Word
Rate. SCLK should be equal to 64 X OWR
though other frequencies are possible but may de-
grade system performance due to interference
effects. FSYNC may be high or used to control
SDATA. With FSYNC high, data bits are clocked

out via the SDATA pin using the SCLK and L/R
inputs. The falling edge of SCLK causes the ADC
to output each bit, except the MSB, which is
clocked out by the L/R edge, as shown in Fig-
ure 4. ‘

SCLK is ignored with FSYNC low and only the
MSB is clocked out after the L/R edge in SLAVE
mode / FSYNC controlled as shown in Figure 5.
Bringing FSYNC high will enable SCLK to clock
data out. This feature is particularly useful to mul-
tiplex multiple channels.

Certain serial modes align well with various inter-
face requirements. A CS5390 in MASTER mode,
with an inverted L/R signal, generates ’s
(Philips) compatible timing. A CS5390 (with an
inverted SCLK) in SLAVE mode emulates a
CS5326 style interface and also links to a
DSP56000 in network mode.

The serial nature of the output data results in the
left and right data words being read at different
times. However, the words within an L/R cycle
represent simultaneously sampled analog inputs.

Analog Connections

Figure 1 shows the analog input connections. The
analog inputs are presented differentially to the
modulators via the AINR+, AINR- and AINL+,
AINL- pins. Each analog input will accept a
maximum of 7.36 Vpp. The + and - input signals
are 180° out of phase resulting in a differential
input voltage of 14.72 Vpp. Figure 6 shows the
input signal levels for full scale.

The analog modulator samples the input at
3.072 MHz (64 x Fs) for an output word rate of
48 kHz. The digital filter will reject signals be-
tween 21.7 kHz and 3.072 MHz - 21.7 kHz.
However, there is no rejection for input signals
which are ( n x 3.072 MHz) +/- 21.7 kHz, where
n=0,1,2,... A 39 Q resistor in series with the ana-
log input and a 6.8 nF NPO or COG capacitor
between the inputs will attenuate any noise energy
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568V CS5390
ov AN+
-3.68V
368V — — — e — —
[VR—— —f— —— AN-
368V — S —

Full Scale Input level= (AIN+) - (AIN-)= 14.72 Vpp
Figure 6. Full Scale Input Voltage

at 3.072 MHz, in addition to providing the opti-
mum source impedance for the modulators. The
use of capacitors which have a large voltage coef-
ficient (such as general purpose ceramics) must be
avoided since these can degrade signal linearity. If
active circuitry precedes the ADC, it is recom-
mended that the above RC filter is placed between
the active circuitry and the AINR and AINL pins.
The above example frequencies scale linearly with
output word rate.

The on-chip voltage references are available at the
VREF+ and VREF- pins for the purpose of de-
coupling only. The circuit traces attached to these
pins must be minimal in length and no load cur-
rent may be taken from VREF+ or VREF-. The
recommended decoupling scheme, Figure 1, is a
100 uF electrolytic capacitor across VREF+ and
VREF- and two 0.22 uF ceramic capacitors con-
nected from VREF+ to GND and VREF- to
GND.

Power-Down and Offset Calibration

APD and DPD are the analog and digital power-
down pins. When high, they place the analog and

— Cal Period

| (4096 x /R clocks) | |
(85.33 ms @ 48kHz) ‘

|

DPD / ) \

digital sections in the power-down mode wherein
typical power consumption drops to 1.5 mW.

Bringing DPD low exits power-down and initiates
an offset calibration cycle. During the calibration
cycle, the digital section measures the offset of
each channel and stores a corresponding value in
the calibration registers. This value is subtracted
from future conversions to produce an offset free
conversion. The calibration inputs are obtained
from the analog input pins (ACAL low) or AGND
(ACAL high).

The offsets generated by the input circuitry are in-
cluded when calibration is performed using the
analog input pins (ACAL low). DCAL should be
used to control a multiplexer which grounds the
user’s front-end in this mode. The DCAL output
will remain high for 4096 L/R clock cycles during
calibration as shown in Figure 7.

A delay of approximately 50 outpuf words will
occur following calibration for the digital filter to
begin accurately tracking audio band signals.

Power-up Considerations

Upon initial application of power to the supply
pins, the data in the calibration registers will be
indeterminate. A calibration cycle should always
be initiated after application of power to replace
potentially large values of data in these registers
with the correct values.

The modulators settle in a matter of microseconds

after the analog section is powered, either through

the application of power or by exiting the power-
— — Filter Delay Time

(~50 L/R periods)
(~1 ms @ 48 kHz)

Normal Operation

DCAL

Figure 7. Initial Calibration Cycle Timing
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down mode. The voltage reference will take a
much longer time to reach a final value due to the
presence of external capacitance on the VREF+
and VREF- pins. A time delay of approximately
10 ms/uF is required between APD going low and
DPD going low to allow for VREF settling. The
typical connection diagram of Figure 1 requires a
1 second delay.

APD should be tied to AGND if the analog power
down feature is not required. When using the ana-
log power down feature, DPD and APD may be
tied together if the capacitor across VREF+ and
VREF- is not greater than 10 pF.

Grounding and Power Supply Decoupling

As with any high resolution converter, the ADC
requires careful attention to power supply and
grounding arrangements if its potential perform-
ance is to be realized. Figure 1 shows the
recommended power arrangements, with VA+,
VA- and VL+ connected to a clean £5 V supply.
VD+, which powers the digital filter, may be run
from the system +5V logic supply, provided that
it is not excessively noisy (< =50 mV pk-to-pk).
Alternatively, VD+ may be powered from VA+
via a ferrite bead. In this case, no additional de-
vices should be powered from VD+. Analog
ground and digital ground should be connected
together near to where the supplies are brought
onto the printed circuit board. Decoupling capaci-
tors should be as near to the ADC as possible,
with the low value ceramic capacitor being the
nearest.

The printed circuit board layout should have sepa-
rate analog and digital regions and ground planes,
with the ADC straddling the boundary. All sig-
nals, especially clocks, should be kept away from
the VREF+ and VREF- pins in order to avoid un-
wanted coupling into the modulators. The VREF+
and VREF- decoupling capacitors, particularly the
0.22 pF, must be positioned to minimize the elec-
trical path from VREF+ and VREF- to Pin 1,

AGND. The CDB5390 evaluation board is avail-
able which demonstrates the optimum layout and
power supply arrangements, as well as allowing
fast evaluation of the ADC.

To minimize digital noise, connect the ADC digi-
tal outputs only to CMOS inputs.

Additional printed circuit board design and circuit
design hints are included in the application note,
"Layout and Design Rules for Data Converters"
and the Audio Engineering Society paper "How to
Achieve Optimum Performance from Delta-Sigma
A/D & D/A Converters” which are included in the
Crystal Semiconductor data book application sec-
tion.

Synchronization of Multiple CS5390

In systems where multiple ADC’s are required,
care must be taken to insure that the ADC internal
clocks are synchronized between converters to in-
sure simultaneous sampling. In the absence of
this synchronization, the sampling difference
could be one ICLKD period which is typically
81.4 nsec for a 48 kHz sample rate.

SLAVE MODE

Synchronous sampling in the slave mode is
achieved by connecting all DPD pins to a single
control signal and supplying the same ICLKD and
L/R to all converters.

MASTER MODE

The internal counters of the CS5390 are reset dur-
ing DPD/APD high and will start simultaneously
by insuring that the release of DPD for all con-
verters is internally latched on the same rising
edge of ICLKD. This can be achieved by con-
necting all DPD pins to the same control signal
and insuring that the DPD falling edge occurs
outside a £30 ns window either side of an ICLKD
rising edge.

DS105PP2
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PERFORMANCE

Digital Filter

Figures 8 - 10 show the performance of the digital
filter included in the ADC. All plots are normal-
ized to the output word rate, Fs. Assuming a
sample rate of 48 kHz, the 0.5 frequency point on
the plot refers to 24 kHz. The filter frequency re-
sponse scales precisely with the output word rate.

Stopband rejection, figure 8, is greater than 100
dB. Figure 9 shows the passband ripple of
0.005 dB maximum. Figure 10 is an expanded
view of the transition band.
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Figure 8. CS5390 Digital Filter Stopband Rejection
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Figure 9. CS5390 Digital Filter Passband Ripple
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Figure 10. CS5390 Digital Filter Transition Band
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PIN DESCRIPTIONS

ANALOG GROUND AGND ]

ANALOG POWER DOWN INPUT APD C
LEFT CHANNEL ANALOG INPUT+  AINL+ C|
LEFT CHANNEL ANALOG INPUT-  AINL- O
ANALOG CALIBRATE INPUT  ACAL C|
ANALOG SECTION LOGIC GROUND LGND
ANALOG SECTION LOGIC POWER VL+ O
TEST OUTPUT TSTO1

DIGITAL CALIBRATE OUTPUT DCAL [

28 1 VREF+ VOLTAGE REFERENCE OUTPUT+
27 1 VREF- VOLTAGE REFERENCE OUTPUT-

2 ’E] AINR+ RIGHT CHANNEL ANALOG INPUT+
25 [1 AINR-  RIGHT CHANNEL ANALOG INPUT-
O VA- NEGATIVE ANALOG POWER

23 1 VA+ POSITIVE ANALOG POWER

22 1 ICLKA ANALOG SECTION CLOCK INPUT

21 3 TSTO2 TEST OUTPUT

20 [] OCLKD DIGITAL SECTION OUTPUT

© ® N O ¢ A N -
N
i

DIGITAL POWER DOWN INPUT DPD [ 0 1o [1 ICLKD DIGITAL SECTION CLOCK INPUT
SELECT CLOCK MODE CMODE ] 1t 18 [ DGND DIGITAL GROUND
SELECT SERIAL I/O MODE SMODE (| 17 [ VD+ DIGITAL SECTION POSITIVE POWER
LEFT/RIGHT SELECT L/R O 16 [J FSYNC FRAME SYNC SIGNAL
SERIAL DATA CLOCK  SCLK 15 1 SDATA SERIAL DATA OUTPUT

Power Supply Connections

VA+ - Positive Analog Power, PIN 23.
Positive analog supply. Nominally +5 volts.

VL+ - Positive Logic Power, PIN 7.
Positive logic supply for the analog section. Nominally +5 volts.

VA- - Negative Analog Power, PIN 24.
Negative analog supply. Nominally -5 volts.

AGND - Analog Ground, PIN 1.
Analog ground reference.

LGND - Logic Ground, PIN 6.
Ground for the logic portions of the analog section.

VD+ - Positive Digital Power, PIN 17.
Positive supply for the digital section. Nominally +5 volts.

DGND - Digital Ground, PIN 18.
Digital ground for the digital section.

Analog Inputs

AINR-, AINR+ - Differential Right Channel Analog Inputs, PINS 25, 26.
Analog input connections for the right channel differential inputs. Nominally 14.72 Vpp
(differential) full scale.
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AINL+, AINL- - Differential Left Channel Analog Inputs, PINS 3.4.
Analog input connections for the right channel differential inputs. Nominally 14.72 Vpp
(differential) full scale.

Analog Outputs

VREF-, VREF+ - Voltage Reference Outputs, PINS 27,28.
Nominally +3.68 volts (VREF+) and -3.68 volts (VREF-) volts. Note the negative output
polarity on VREF-. See Figure 1 for recommended capacitive decoupling.

Digital Inputs

ICLKA - Analog Section Input Clock PIN 22.
This clock is internally divided by 2 to set the modulators sample rate. Sampling rates, output
rates, and digital filter characteristics scale to ICLKA frequency. ICLKA frequency is 128 X the
output word rate. For example, 6.144 MHz ICLKA corresponds to an output word rate of
48 kHz per channel. Normally connected to OCLKD.

ICLKD - Digital Section Input Clock, PIN 19.
ICLKD clocks the digital filter and is the source for modulator sampling clock, OCKLD. The
required ICLKD frequency is determined by the desired output word rate and the CMODE pin.
If CMODE is low, ICLKD is 256 X the desired output word rate. If CMODE is high, ICLKD is
384 X the output word rate. For example, with CMODE low, ICLKD is 12.288 MHz for an
output word rate of 48 kHz.

APD - Analog Power Down, PIN 2.
Analog section power-down command. When high, the analog circuitry is in power-down
mode. APD is normally connected to DPD when using the power down feature. APD should
be connected to AGND if analog power-down is not used.

DPD - Digital Power Down, PIN 10.
Digital section power-down command. Bringing DPD high puts the digital section into
power-down mode. Upon returning low, the ADC starts an offset calibration cycle. This takes
4096 L/R periods (85.33 ms with a 12.288 MHz ICLKD). DCAL is high during the calibrate
cycle and goes low upon completion. DPD is normally connected to APD when using the
power down feature. A calibration cycle should always be initiated after applying power to the

supply pins.

ACAL - Analog Calibrate, PIN 5. ‘
Analog section calibration command. When high, causes the left and right channel modulator
inputs to be internally connected to AGND respectively. Should be connected to DCAL.

CMODE - Clock Mode Select, PIN 11.
CMODE should be tied low to select an ICLKD frequency of 256 X the output word rate.
CMODE should be tied high to select an ICLKD frequency of 384 X the output word rate.
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SMODE - Serial Interface Mode Select, PIN 12. _
SMODE should be tied high to select the serial interface master mode. SCLK, FSYNC and L/R
are outputs generated by internal dividers operating from ICLKD. SMODE should be tied low
to select serial interface slave mode, where SCLK, FSYNC and L/R are all inputs. In slave
mode, L/R, FSYNC and SCLK need to be derived from ICLKD using external dividers.

Digital Outputs

SDATA - Serial Data Output, PIN 15.
Audio data bits are presented MSB first, in 2’s complement format.

DCAL - Digital Calibrate Output, PIN 9.
DCAL rises immediately upon entering the power-down state (DPD brought high). It returns
low 4096 L/R periods after leaving the power down state (DPD brought low), indicating the
end of the offset calibration cycle (which = 85.33 ms with a 12.288 MHz ICLKD). May be
connected to ACAL.

OCLKD - Digital Section Output Clock, PIN 20.
OCLKD is always 128 X the output word rate. Normally connected to ICLKA.

Digital Inputs or Qutputs

SCLK - Serial Data Clock, PIN 14.
Data is clocked out on the falling edge of SCLK.

In master mode (SMODE high), SCLK is a continuous output clock at 64 X the output word
rate.

In slave mode (SMODE low), SCLK is an input, which requires a continuously supplied clock
at any frequency from 32 X to 128 X the output word rate (64 X is preferred). When FSYNC is
high, SCLK clocks out serial data, except for the MSB which appears on SDATA when L/R
changes.

L/R - Left/Right Select, PIN 13. .
In master mode (SMODE high), L/R is an output whose frequency is at the output word rate.
L/R edges occur 1 SCLK cycle before FSYNC rises. When L/R is high, left channel data is on
SDATA, except for the first SCLK cycle. When L/R is low, right channel data is on SDATA,
except for the first SCLK cycle. The MSB data bit appears on SDATA one SCLK cycle after
L/R changes.

In slave mode (SMODE low), L/R is an input which selects the left or right channel for output
on SDATA. The rising edge of L/R starts the MSB of the left channel data. L/R frequency
must be equal to the output word rate.

Although the outputs of each channel are transmitted at different times, the two words in an
L/R cycle represent simultaneously sampled analog inputs.
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FSYNC - Frame Synchronization Signal, PIN 16.
In master mode (SMODE high), FSYNC is an output which goes high coincident with the start
of the first SDATA bit (MSB) and falls low immediately after the sixteenth SDATA audio data
bit .

In slave mode (SMODE low), FSYNC is an input which controls the clocking out of the data
bits on SDATA. FSYNC is normally tied high, which causes the data bits to be clocked out
immediately following L/R transitions. If it is desired to delay the data bits from the L/R edge,
then FSYNC must be low during the delay period. Bringing FSYNC high will then enable the
clocking out of the SDATA bits. Note that the MSB will be clocked out based on the L/R edge,
independent of the state of FSYNC.

Miscellaneous

TSTO1, TSTO2 - Test Output, PINS 8, 21.
These two pins are bonded out for factory test outputs. They must not be connected to any
external component or any length of PC trace.
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PARAMETER DEFINITIONS

Resolution - The total number of possible output codes is equal to 2N where N = the number of bits
in the output word for each channel.

Dynamic Range - Full scale (rms) signal to broadband noise ratio. The broadband noise is measured
over the specified bandwidth, and with an input signal 60dB below full-scale. Units in decibels.

Total Harmonic Distortion plus Noise - The ratio of the rms sum of all spectral components over the
specified bandwidth (typically 10 Hz to 20 kHz), excluding signal, to the rms value of the signal.

Total Harmonic Distortion - The ratio of the rms sum of all harmonics up to 20 kHz to the rms value
of the signal.

Interchannel Phase Deviation - The difference between the left and right channel sampling times.
Interchannel Isolation - A measure of crosstalk between the left and right channels. Measured for
each channel at the converter’s output with the input under test grounded and a full-scale signal ap-

plied to the other channel. Units in decibels.

Interchannel Gain Mismatch - The gain difference between left and right channels. Units in deci-
bels.

Gain Error - The deviation of the gain value from the typical number given in the analog specifica-
tions table.

Gain Drift - The change in gain value with temperature. Units in ppm/°C.

Bipolar Offset Error - The deviation of the mid-scale transition (111...111 to 000...000) from the
ideal. (1/2 LSB below AGND). Units in LSBs.
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Semiconductor Corporation

CDB5389 CDB5390

Evaluation Board for CS5389 / CS5390

Features

® Demonstrates recommended layout
and grounding arrangements

® CS8402 Generates AES/EBU, S/PDIF
& EIAJ CP-340 Compatible Digital
Audio

@ Buffered Serial Output Interface

@ Digital and Analog Patch Areas

® On-board or externally supplied system
timing

General Description

The CDB5389/CDB5390 evaluation board allows fast
evaluation of the CS5389 18-bit or CS5390 20-bit, ste-
reo A/D converter. The board generates all converter
timing signals and provides a serial output interface.
Evaluation requires a digital signal processor, a low-
distortion signal source and a power supply.

Also included is a CS8402 digital audio interface trans-
mitter which generates AES/EBU, S/PDIF & EIAJ
CP-340 compatible audio data. The digital audio data
is available via XLR, RCA phono and optical connec-
tors

The evaluation board may also be configured to accept
external timing signals for operation in a user applica-
tion during system development.

ORDERING INFORMATION: CDB5389

CDB5390

-15V GND +15V  GND+5V ICLKD
;'? FSYNC
ANALOG POWER SUPPLY DIGITAL - =
PATCH REGULATION & PATCH _
AREA CONDITIONING AREA ‘———'? LR
———'§ SCLK
i SERIAL
- OUTPUT
CS5389 DATA
OR RESET ? SDATA
CALIBRATION =
CS5390 NETWORK
AES/EBU
A/D CONVERTER CS8402 é g &
DIGITAL AUDIO S/PDIF
INTERFACE
TRANSMITTER Optical
Output
Crystal Semiconductor Corporation ) ) o AUG '93
P.O. Box 17847, Austin, TX 78760 oy Y omte Fesncagy 0" 1969 DS87DB1
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Figure 1. CDB5389/CDB5390 Overview
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Figure 3. Power Supply and Reset Circuitry

Power Supply Circuitry and Grounding

Power is supplied to the evaluation board by five
binding posts as shown in Figure 3. The +5 Volt
analog power supplies for the converter are de-
rived from the *15 Volt supplies using the
voltage regulators U6 and Ul4. C1-C6 provide
general power supply filtering for the analog
supply. C60 and C61 are included to prevent
signal coupling between the left and right analog
input circuits. Z12 and Z13 are related to the
CS5389 input protection circuits.

The +5 Volt digital supply for the converter and
discrete logic is provided by the +5V and DGND
binding posts. Z1, Z2, and Z4 are transient sup-
pressers which also provide protection from
incorrectly connected power sources

Localized decoupling for the CS5389/CS5390
VA+ and VA- pins is provided by C17, CI18,
C26, C27, C58, C59 and C52 as shown in Fig-
ure 2. Note that C52 is connected between VA-
and VA+. R12, C54 and C25 provide a low-pass
filter for the analog logic power supply pin,
VL+.

The evaluation board uses separate analog and
digital ground planes which are connected by J1.
This arrangement isolates the digital logic from
the analog circuitry.

Reset Circuit & Offset Calibration

The reset circuit provided on the evaluation
board is shown in Figure 3. Upon power-up,
this circuit provides RST for the CS8402 and a
pulse to the CS5389/CS5390 DPD pin initiating
an offset calibration cycle. Reset and offset cali-
bration can also be initiated by pressing SW2.

The ACAL jumper selects the source used for
offset calibration. In the "DCAL" position, the
the differential inputs of the CS5389/CS5390 are
disconnected from the AINL+/- and AINR+/- in-
put pins and internally connected to AGND. In
the "GND" position, the AINL+/- and AINR+/-
input pins remain connected to the input pins
and the offsets present at the inputs are included
in the calibration.
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Figure 4. Right Channel Input Buffer and Protection Circuit
(Left Channel Designators in Parenthesis)

Input Buffer and Protection Circuits

The differential input circuit of Figure 4 is an
ideal match for the CS5389/CS5390 and profes-
sional audio applications. The circuit will accept
a differential or single-ended signal of either po-
larity and 