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107 dB, D/A Converter for Digital Audio

Features General Description
The CS4303 is a high performance deita-sigma D/A
@ Stereo Delta-Sigma D/A converter converter for digital audio systems which require wide
8x Interpolation Filter dynamic range. The £S4303 includes 8x interpolation
64x Delta-Sigma D AC and a 64x oversampled delta-sigma modulator that
outputs a 1-bit signal to an external analog low pass
® Single +5V Operation filtter. The 1's density of the 1-bit signal is proportional
to the digital input.
® Adjustable System sampling Rates | the ©S4303 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 CS4303KP  0°t070°C  28-pin plastic DIP
SDATA! LRCK BICK DIF1 DIF0
18 2al 191 13l 141
Input Fi t 22 AGND2
15 nput Formal
VD1 Controller Reh gg AGND1
DGND' I::"; 1Bt [ ] VA3
8x || Delta-Sigma DAC DOR+
Interpolator Modulator 25
T — | PoR
. DOL+
Bx || Delta-Sigma L.ch 4 DOL-
Interpolator Modulator 1-Bit 6
DAG 5 ] AGND3
21
DzZF r—: Systemn Clook Ose/ 7 xg
MUTE Controller Divider
10T 11 ! 12 28 11 BI 17l 2 27
RST TST1 TST2 XTI XTO CKS SCKO DGND2 VD2

Prelimin Pr. : This document contains information for a new product. Crystal
ary oduct Information Semiconductor reserves the right to modify this product without notice.

Crystal Semiconductor Corporation _ AUG '93
P.0O. Box 17847, Austin, TX 78760 Copyright © Crystal Semiconductor Corporation DS81PP2
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ANALOG CHARACTERISTICS (Ta = 25°C; VD1, VA1, 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 ! Min Typ | Max ‘ Units
Dynamic Performance
Dynamic Range (Noie 1) - 107 - dB
Total Harmonic Distortion + Noise (digital fullscale input) | THD+N - 100 - dB
interchannel Isolation - 115 - dB
Power supplies
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 cormer 0 - 21.8 kHz
to -3 dB comer 0 - 23.5 kHz
Stop Band 26.2 - - kHz
Pass Band Ripple - - +0.0002 dB
Stop Band Attenuation 0 - dB
Group Delay (IWR = Input Word Rate) - 33/IWR - s
Deviation from Linear Phase ' - - 0 deg

ABSOLUTE MAXIMUM RATINGS (AGND1, AGND2, AGND3, DGND1, DGND2 = 0V; All Volt-

ages With Respéct to Ground)

Parameter Symbol Min Max Units
DC Power Supplies:
Positive Digital _ vD -0.3 6.0 Vv
Positive Analog (VA1,VA2,VA3,VD2) VA -0.3 6.0 \
IVA - VDI - 0.4 V-
Input Current IIN - +10 mA
Digital Input Voltage -0.3 VD + 0.3 V
Ambient Operating Temperature -10. 70 . °C

" Specifications are subject to. change without notice.
2-4 DS81PP2
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DIGITAL CHARACTERISTICS (1A = 25°C; VD1, VA1, VA2, VA3, VD2 = 5V + 5%:; Input Word
Rate = 48 kHz)

Parameter ‘ Symbol| Min Typ Max Units
Digital Input Valtage High-level | Vi (VD-1.0 - - Vv
Low-level ViL - - 1.0 \
Digital Qutput Voltage High-level lo = -20pA | VoH 4.4 - - \%
Low-level lo =+20uA | VoL - - 0.1 Vv
input Leakage Current N - .0 - HA

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

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) - 7.1 - 13.9 MHz
Master Clock Frequency using External Clock:

CKS=H (384 x Fs) | XTHXTO | 0.384 - 19.2 MHz

CKS=L (256 x Fs) - 0.256 - 13.9 MHz
XTYXTO Pulse Width Low 21 . - ns
XTHYXTO Pulse Width High 21 - - ns
BICK Pulse Width Low thicki 30 - - ns
BICK Pulse Width High thickh | 30 - - ns
BICK Period thickw 80 - - ns
BICK rising to LRCK edge delay (Note 2) | tpirg 35 - - ns
BICK rising to LRCK edge setup time (Note 2} | thirs 35 - - ns
SDATAI valid to BICK rising setup time (Note 2) | tgphg 35 - - ns
BICK rising to SDATAI held time (Note 2} | tpsh 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
torg Moirs thickl tbickh ' torg o hickl 'bickh
BICK [ BICK
tops Yosh teps thsh
SDATAI j< XT* X: SDATAI :X ﬂs MSB-1 L
Serial Data Input Timing (Modes 0, 1 and 3) Serial Data Input Timing (Mode 2) 7
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5
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Audio ] 7
Data 9 BICK VAZ
Processor 18
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Power Up 10 — DGND2
Reset RST
DGND1 AGND1 AGND2 AGNDS
N o
Figure 1. CS4303 Typical Connection Diagram
GENERAL DESCRIPTION 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.

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 1 Bit
18 Bit . 81s Sth-order 64 fs .
Digital Input —* 8x Inte‘.rpolatlon * Delta-Sigma J 1Bt
Filter DAC
ts Modulator

Figure 2. CS4303 Architecture

DS81PP2



CS4303

2/ B
I J 7 rF J S eiJ 4
- %
(@B) ‘ . ' %
. , _ .
| 1 1 it L I | | / 1 - .
11 L T T T T T T / 1 L
24 Fs  2Fs 4Fs 6Fs 8Fs 16Fs
- f(kHz)’

Figure 3. CS4303 Interpolation Filter Input
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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.

20 - - - - e - Ll
-40 -
60 -
B0 -
100 | - - -

Magnitude (dB)

120 - - -
140 - -

-160 -
-180

200 1 I I ] I
o} 20 40 60 80 100 120 140 160 180 200

Frequency (kHz)

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

NSRRI

8Fs 16Fs 1 (kHz)

Figure 4. CS4303 Interpelation Filter Output

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.

Figure 6. CS4303 Differential Outputs

DS81PP2
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Return-to-zero coding is utilized where cach 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. :

[ DRV ONE

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, TWR, 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 XTV/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 74HCS590. 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 capacxtance

LRCK CKS XTUXTO
(kHz) (MHz)
32 low 8.192
44.1 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; 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
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 I%S 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

DIFf | DIFO. | Format Figure
0 0 0 8
0 1 1 8
1 o 2 9
1° 10 3 10

Table 2. Digital Input Formats

2-8
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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 1s 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,

| cs4a303 |

18] spaTAl -

Figure 12. Muting Implementation

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
204 - " 8kHz Fundamental 120 kHz Bandwidth
- , 4 o ' Dynamic Range = 52.87 dB
‘60""-"'-"-‘,"-"'A"F"u"'u".'"
& 80T "
z
o -100 T -
3
£ 120
=
8140
g-
-160
-180 1 -
-200

0 28 438 72 96 120
Frequency (kHz)

Figure 13. Simulated Noise Attenuation
3rd Order Filter
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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.

CS4303

Magnitude (dB)

0 24 48 72 96 120
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
21 . .62k
N T
- 2.1k | 1050 .0022uF
11
0033uF=— — L0033uF = Analog
- Out
* 2.1k 1050
AN AN
- ok T 00224F
S—Aan—dansy ’
1.21k 1.21k 5.62k -
e N
680pF
Figure 16. Suggested 6-Pole Analog Filter
DS81PP2 2-11
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Figure 17. Simulated Analog Filter Frequency Response
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Figure 18. Simulated Analog Filter Frequency Response
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Figure 19. Simulated Analog Filter Group Delay

‘C54303

212

DS81PP2



System Performance Measurements

The following collection of CS4303 measure-
ment plots (TWR = 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 fest 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

CS4303

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 L.SB. 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.
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PIN DESCRIPTIONS

Crystal Oscillator Output XTo ]1° 28 [ XTI
Crystal Ground DGND2 [|2 27 [ vD2
Left Qutput Data + DOL+ [ |3 26 ] DOR+
Left Output Data - DOL- [4 CS4303 25| ] DOR-
Left Analog Power 1 VA1 |5 24 [ ] AGND1
Left Analog Ground AGND3 [s 23] VA3
Left Analog Power 2 VA2 []7 22 1 AGND2
Clock Select CKS [s8 21 ] DZF
Mute  MUTE (]9 20 ] LRCK
Reset RST [ 10 18 [] BICK
Test 1 TST1 [ |11 18 [ SDATAI
Test 2 TST2 (|12 17 [ SCKO
Digital Input Format 1 DIFt []13 16 |_] DGND1
Digital Input Format 2 . DIFO [ |14 1571 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 Pewer, 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.

DGND2 - Crystal Ground, PIN 2.
Crystal ground reference.

Crystal or Clock input
Crystal Power

Right Output Data +
Right OQutput 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 256 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 0 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 DIF0 and DIF1.

SDATAI - 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,
DIF( and DIF1L.

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 SDATAIL 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.
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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 Qutputs

XTO - Crystal Oscillator Output, PIN 1.
When a crystal oscillator is used, it is tied between this pin and XTI When an extemnal clock is

input, this pin should be left floating.

DOL+, DOL- - Digital Left Channel OQutput, 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.
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