Semiconductor Corporation

CS6453

Modem and Audio Analo_g Front End

Features

® Complete Voiceband DSP Front-End
24-Bit A/D Converter
18-Bit D/A Converter

® Minimum 84 dB Dynamic Range and
80 dB Signal-to-Distortion (at full scale)

@ Supports telephone emulation
@® Supports business audio

@ On-chip speaker driver for modem
monitoring

® Supports PCMCIA digital speaker
signal

@ 3.0 to 5.5V power supply range

General Description

The CS6453 is a high-resolution analog-to-digital and
digital-to-analog converter for V.fast, V.32bis, V.32 and
other high performance modems.

The CS86453 also supports telephone emulation. In
telephone emulation, the CS6453 and external DSP
collectively implement both modem and telephone set
capabilities. This allows an end-user to connect a
handset to the "modem" card, and alternatively use the
telephone connection for voice and data.

The CS6453 has 5 kHz bandwidth for modem and
telephone applications, and 10 kHz bandwidth for busi-
ness audio applications. The business audio capability
allows the modem to playback and input audio files.

The CS6453 also supports the digital speaker signal of
the PCMCIA interface standard. The modem can trans-
fer the modem monitor signal via PCMCIA to the
system speaker.
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LESSTREL CS6453

ANALOG RECEIVER CHARACTERISTICS (T = 25 °C; TXV+, RXV+, VD+ = 3.3V:

AFECLK = 5.5296 MHz; 1 kHz Input sine wave at 3.0 Vp-p; Gdin = 0dB; Output sampling rate of 19.2 kHz;
Speaker drivers off; RX+ inputs selected; with Test Circuit (antialiasing fitter) as shown below; Note 1.)

Parameter Min Typ Max Units
Resolution 24 - - Bits
Dynamic Performance (Note 2)
Dynamic Range (300 Hz to 3.3 kHz) .
gain=0dB; - with full scale input 84 91 - dB
- with input 20dB below full scale 87 91 - dB
- BAudio=1, Low_Power=0, - 80 - dB
with full scale input
gain=6dB; - with full scale input - 88 - dB
gain=12dB; - with full scale input - 85 - dB
gain=18dB; - with full scale input - 82 - dB
Signal-to-Total Harmonic Distortion (300 Hz to 3.3 kHz)
gain=0dB; - with full scale input 80 90 - dB
- with input 20dB below full scale 83 90 - dB
gain=6dB; - with full scale input - 90 - dB
gain=12dB; - with full scale input - 90 - dB
gain=18dB; - with full scale input - 90 - dB
Idle Channel Noise - with input at differential ground -75 -90 - dB
Total Absolute Gain Accuracy (300 Hz - 3.3 kHz) -5 - +5 %
Power Supply rejection: Passband {Note 3) - 60 - dB
dc Performance
Offset Error . l - 100 - mV
Filter Characteristics
Passband BAudio=0, Low_Power=1 (Note 4) dc - 2.5 kHz
BAudio=1, Low_Power=1 or BAudio=0, Low_Power=0 dc - 5 kHz
BAudio=1, Low_Power=0 dc - 10 kHz
Passband variation from ideal (ripple) (300 Hz - 3.3 kHz) -0.125 - +0.125 dB
Input Characteristics
AC Input impedance at 1 kHz - 27 - kQ
Analog Input Full Scale Signal Level (RX+ to RX-) - +1.5 - v
Gain Stage Performance
Nominal step size | 5.5 | - 6.5 dB

Notes: 1. 5V operation is guaranteed by design
2. Unless stated otherwise, dynamic performance is relative to 0.707x of full scale.
Receiver full scale defined as 2°'+21%4+218 {hex 2C0000).
Transmitter full scale defined as (217)/1.5 (decimal 87831).

3. With 300 mVp-p, 1 kHz ripple applied to supply. 4.9k

4. Passband bandwidth specifications for BAudio=0 and RX+,
Low_Power=0 are tested. All other combinations of 680 pF

BAudio and Low-Power are guaranteed by characterization RX.

and design.
4.9
Test Circuit
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LESSTRL CS6453

ANALOG TRANSMITTER CHARACTERISTICS (T4 = 25 °C; TXV+, RXV+, VD+ = 3.3V;

AFECLK = 5.5296 MHz; 1 kHz Input Digital sine wave with full scale 2 '/1.5 input; Input sampling rate of
19.2 kHz; Speaker drivers off; with Analog Load as shown below; Note 1.)

Parameter Min Typ Max Units
Resolution 18 - - Bits
Dynamic Performance (Note 2)
Dynamic Range (300 Hz - 3.3 kHz)
- with full scale input 84 90 - dB
- with input 12dB below full scale 87 90 - dB
- BAudio=1, Low_Power=0, - 80 - dB

with full scale input
Signal-to-Total Harmonic Distortion (300 Hz - 3.3 kHz)

- with full scale input 80 90 - dB
- with input 12dB below full scale 83 90 - dB
Idle Channel Noise - with input code of 0 -75 - - dB
Total Absolute Gain Accuracy (300 Hz - 3.3 kHz) -20 - +20 %
Power Supply rejection: Passband (Note 3) - 60 - dB

dc Performance

Monotonicity | - L 16 | - TBits

Filter Characteristics

Passband BAudio=0, Low_Power=1 (Note 4} dc - 2.5 kHz
BAudio=1, Low_Power=1 or BAudio=0, Low_Power=0 dc - 5 kHz
BAudio=1, Low_Power=0 de - 10 kHz
Passband variation from ideal (ripple) (300 Hz - 3.3 kHz) -0.125 - +0.125 dB
Output Characteristics
Maximum output swing (TX+ to TX-) +25 - - \
AC Output Impedance at 1 kHz : - 0.3 - Q
Output Current +4 - - mA
30
TX+
18 n 60
%>
30
Analog Load
DS110PP6 6-111
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LESSTRL CS6453

8-ohm SPEAKER CHARACTERISTICS (Ta = 25 °C; LSV+, TXV+, RXV+, VD+ = 3.3V;
Analog receiver input of 50 mVp-p, 1 kHz sine wave; Digital transmitter input of 1 kHz sine wave with peak
amplitude of 35132; Speaker driver load of 8Q; Volume gain setting = high; 8-ohm Speaker selected
{Ephone=0], Note 1.)

Parameter Min Typ Max Units
Smode1=0 and Smode0=0 TX-to-SPKR gain - off - -
RX-to-SPKR gain - off - -
Smode1=0 and Smode0=1 TX-to-SPKR gain - +4 - dB
RX-to-SPKR gain - off - -
Smode1=1 and Smode0=0 TX-to-SPKR gain - off - -
RX-to-SPKR gain - +36 - dB
Smodel1=1 and Smode0=1 TX-to-SPKR gain - +4 - dB
RX-to-SPKR gain - +36 - dB
Signal-to-Noise plus Distortion 30 45 - dB
Maximum differential Output voltage +1.6 - - \
Passband BAudio=0, Low_Power=1 (Note 4) dc - 2.5 kHz
BAudio=1, Low_Power=1 or BAudio=0, Low_Power=0 dc - 5 kHz
BAudio=1, Low_Power=0 dc - 10 kHz

EARPHONE CHARACTERISTICS (T4 = 25 °C; LSV+, TXV+, RXV+, VD+ = 3.3V;
Analog receiver input of 40 mVp-p, 1 kHz sine wave; Digital transmitter input of 1 kHz sine wave with peak

amplitude of 27447; Earphone driver load of 125Q; Volume gain setting = high; Earphone selected {Ephone=1],
Note 1.)

Parameter Min Typ Max Units
Smodet1=0 and Smode0=0 TX-to-Ear gain - off - -
RX-to-Ear gain - off - -
ST-to-Ear (Note 5) off -
Smode1=0 and Smode0=1 TX-to-Ear gain - +4 - dB
RX-to-Ear gain - off - -
ST-to-Ear {(Note 5) +7.5 dB
Smodel1=1 and Smode0=0 TX-to-Ear gain - off - -
RX-to-Ear gain - +36 - dB
ST-to-Ear (Note 5) off -
Smodel=1 and Smode0=1 TX-to-Ear gain - +4 - dB
RX-to-Ear gain - +36 - dB
ST-to-Ear (Note 5) +7.5 dB
Signal-to-Noise plus Distortion 30 45 - dB
Maximum differential Output voltage +1.25 - - \
Passband BAudio=0, Low_Power=1 (Note 4) dc - 25 kHz
BAudio=1, Low_Power=1 or BAudio=0, Low_Power=0 dc - 5 kHz
BAudio=1, Low_Power=0 dc - 10 kHz

Notes: 5. When the earphone output and microphone input are both enabled and TX+t enabled (TXOFF=0),
the sidetone path is selected instead of the transmit path.
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CS6453

MICROPHONE CHARACTERISTICS (Ta = 25 °C; LSV+, TXV+, RXV+, VD+ = 3.3V;
AFECLK = 5.5296 MHz; 1 kHz Input sine wave at 187.5 mVp-p; Gain = 18dB; Output sampling rate of 19.2 kHz;
Speaker drivers off; with Test Circuit as shown below.)

Parameter Min Typ Max Units
Signal-to-Noise plus Distortion
BAudio=0, Low_Power=0 - 82 - dB
BAudio=1, Low_Power=0 - 80 - dB
Passband BAudio=0, Low_Power=1 (Note 4) dc - 25 kHz
BAudio=1, Low_Power=1 or BAudio=0, Low_Power=0 dc - 5 kHz
BAudio=1, Low_Power=0 dc - 10 kHz
Analog Input Maximum Swing - 0.75 - \
Test Circuit
VCM
102
MC+ >— 1‘ }
O.1uF 1kHz
MC — | nPo
v 0.047uF
T
= NPO
DIGITAL CHARACTERISTICS (T4 = 25 °C; TXV+, RXV+, VD+ = 3.3V; All measurements
performed under static conditions, Note 1.)
Parameter Symbol Min Typ Max Units
High-Level Input Voltage VIH  [(VD+)-0.5V - - \'
Low-Level input Voltage VIiL - - 0.5 \'/
High-Level Output Voitage (lout = -600 pA) (Note 6) | VoH |(VD+)-0.3V - - \
Low-Level Output Voltage (lout = 800 uA) (Note 6) | VoL - - 0.3 \Y
input Leakage Current IIN - - +10 nA
Digital Output Pin Capacitance Cout - 9 - pF

Note: 6. The device is designed for low current drive. Only CMOS inputs may be connected to digital outputs.

DS110PP6
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o Cs6453

SWITCHING CHARACTERISTICS (Ta = 25 °C; CL = 50 pF; TXV+, RXV+, VD+ = 3.3V; All timing

measurements performed at 50% level unless otherwise noted; Note 1.)

Parameter Symbol Min Typ Max Units
AFECLK Clock Rate fAFECLK 1.0 5.5296 5.8 MHz
AFECLK Duty Cycle Pulse Width tow 172 180.85 - ns
Pulse Width High tph/tpw 40 - 60 Yo
Pulse Width Low tpl/tpw 40 - 60 %
Strobe Pulse Width tstpw tow - - ns
RXSTR and TXSTR setup to AFECLK rising tsut 25 - - ns
RXSTR and TXSTR hold after AFECLK rising thi | 65 - - ns
Receiver Delay: RXSTR low to RXENA high tolh1 . tow * 4 - ns
RXDATA, RXENA delay from AFECLK falling (Note 7) | tdelay - - 60 ns
RXENA and RXDATA hold from 52nd AFECLK falling th2 10 - - ns
Transmitter Delay: TXSTR low to TXENA high  (Note 8) | toh2 tpw * 4 - - ns
TXENA andTXDATA setup to AFECLK rising (Note 8) | tsu4 25 - - ns
TXENA and TXDATA hold after AFECLK rising  (Note 8) tha 65 - - ns
TXENA and TXDATA hold from (Note 9) | tns 65 - - ns
AFECLK rising on LSB
RESET deasserted to TXSTR or RXSTR falling (Note 10) | tdelayt | tpw * 2 - - ns
RESET low to AFECLK rising tsué 20 - - ns
RESET pulse width trspw tow - - ns
Sleep delay: last AFECLK to start of sleep mode(Note 11) | tdelays 0.001 - 1 ms
Rise Times: (see figure) Any Digital Input trisein - 20 - ns
Any Digital Output triseout - 15 - ns
Fall Times: (see figure) Any Digital input ttallin - 20 - ns
Any Digital Output Haliout - 15 - ns
VBOOST Settling Time (Note 12) | tvboost - 15 - ms
VCM Settling Time (Note 12) | tvem - 5 - ms
VREF Settling Time {Note 12) |  tret - 5 - ms
Note: 7. RXENA asserts on 4th falling edge of AFECLK after RXSTR is latched.
8. TXENA and TXDATA are ignored until the 4th AFECLK rising edge after TXSTR is latched.
9. If more than 48 bits are input, shift data into the CS6453.

10. Assert before tpw * 2 after RESET is deasserted.

11. The device enters sleep mode 1 ms from the last AFECLK edge. AFECLK can idle
either high or low.

12. This is the time required for the analog bias voltage to settle to its final value after power is applied,
reset falls, or the clock is restored. Operation of the device before this time may yield incorrect
results. The control bit FReset (see Table 2) may be asserted after the settling time for 1 sample
to ensure a consistent starting state. All zero input data should be written on bits 6-23 and 30-47
when removing FRESET (falling) to avoid a race condition between the new data and reset being
removed. The control bits 0-5 and 24-29 may be high or low as needed.
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tstow |
RXSTR — 5
{(input to AFE) t
tsut _, PR LN

thi tph“t pl
AFECLK \f /_\/_\S
(input to AFE)

tpih1 t delay [ cc th2
RXENA « > 7
(output by AFE)

RXDATA 5
(output by AFE) 47 46 (s >< 1 X o A
(MSB) (LSB)

Serial Data Output Timing

tstpw

— C
TXSTR D7

(input to AFE) ¢
tsut —»f  P¥
{ th1 lph__tpl
NNV A AR
(input to AFE) ‘
ths

« tpih2 cc
TXENA ) iy 27
(input to AFE) > tha
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TXDATA \
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Serial Data Input Timing
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RESET t
(input to AFE) rspw
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RXSTR ——
TXSTR
(input to AFE) teue
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AFECLK
(input to AFE)
Reset and Power-down Timing
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N 20% 90%
N o 0%
Rise and Fall Times
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LESSTEL CS6453

RECOMMENDED OPERATING CONDITIONS
(TXGND, RXGND, DGND, LSGND = 0V, Note1.)

Parameter Symbol Min Typ Max Units
DC Supply (Note 13) | TXV+, 3.0 3.3 5.5 \
RXV+,
VD+,
LSV+
Analog Current Consumption (TXV+ plus RXV+) (Note 14)
Low_Power = 0, TXOFF = 0 - 20 TBD mA
Low_Power = 0, TXOFF = 1 - 11 TBD mA
Low_Power = 1, TXOFF = 0 - 12 TBD mA
Low_Power = 1, TXOFF =1 - 7 TBD mA
(power-down mode) - 25 150 A
Digital Current (VD+) Power = 0 ld - 1.5 - mA
Speaker driver current (no load)
8-ohm Speaker selected - 6.5 - mA
Earphone selected - 2.5 - mA
RX+/RX- Source impedance - - 5 kQ
8-ohm Speaker current (SPKR+, SPKR-) lids - - 250 mA
Earphone current (Ear+, Ear-) lear - - 10 mA

Note: 13. All voltages with respect to ground.
14. Speaker drivers off; current consumption applies to 3 and 5V operation.

ABSOLUTE MAXIMUM RATINGS
(TXGND, RXGND, DGND, LSGND = 0V; all voltages with respect to ground.)

Parameter Symbol Min Max Units
DC Power Supply TXV+, -0.3 6.0 \
RXV+,
VD+,
LSV+
Input Current (Note 14) 1Y) - +10 mA
Any pin except supplies and SPKR+
Analog Input Voltage VINA -0.3 0.3 + RXV+ V
Digital Input Voltage VIND -0.3 0.3 + VD+ \'
Ambient Operating Temperature TA 0 70 °C
Storage Temperature Tstg -65 150 °C

Note: 15. Transient currents up to 200 mA will not cause SCR latch-up.

WARNING: Operating this device at or beyond these extremes may result in permanent damage to the device.
Normal operation of the part is not guaranteed at these extremes.
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GENERAL DESCRIPTION

The CS6453 functions as an analog front end to

a DSP, allowing the DSP to send and receive
modem, telephone and business audio signals.
The CS6453 provides a complete data conver-
sion subsystemn for voice band signal processing.
The A/D converter (including sample/hold and
much of the antialiasing filtering), D/A con-
verter, and voltage reference are on-chip.

As shown in Figure 1, for modem applications,
the TX+ and RXt pins connect to the modem
Data Access Arrangement. To support the moni-
toring of modem call progress, the CS6453 can
drive a 8-ohm loud speaker via pins SPKR+, and

drive a personal computer speaker via pin
DSPKR. For telephone and business audio appli-
cations, the EARz output pins connect to the
earphone speaker, and the MIC input pins con-
nect to the microphone.

The CS6453 is a single channel device, and sup-
ports modem and voice communications on an
non-simultaneous basis. Either the RX+ inputs or

the MIC+ signals may be multiplexed into the
A/D channel.

A 5.5296 MHz clock must be supplied to the
CS6453 pin AFECLK. The CS6453 divides
AFECLK input signal by two or four to generate
an oversampling clock.

1uF u uF
'_
RXGND LSGNGy—| DGND
001 uF 0.01 uF 001 p.F 0.01 uF
433V,
Supply j
POOV+ TXV+ LS/+ VD+
L VBOOS
1uF 1 VRE AFECLK [«+—— Clock source
p— T 1wk | vReF-
- = —= SPKOFF
14F I VCM TXOFF Control
L RESET
10 B L
dadl X2 | FXDATA Serial
T Bz RXENA » Daia
12kQ GQ25 17. WA Interface
I aatn ¢ RX- FXSTR ¢
Transformer 33nF +33V
. 1 TX+
12O 750 Qs | 1500 CS6453  TXSTR Serial
o N TX- TXENA ¢ Data .
TXDATA Irterface e
10k
T ST+ 0.1 uIFNPO
MC+ | X
ST- Mcrophone
10 k2 MC-
8ohm t: LDSPKR+ 1021 1 047 uF PO
LDSPKR- VCM
e N
speaker EAR- TESTO
to PCMCIA pine— DSPKR TEST1
TXGND R)(GID LSGND DGND|
L 1L L 1L =
Figure 1. Recommended Connection Diagram
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SUPPORT OF MODEM STANDARDS

The CS6453 dynamic range is designed for V.32
and higher-performance standards. For V.22 and
lower performance standards, the CS6453 has
better analog performance than is required. For
these lower performance modems, the CS6453’s
power requirements can be reduced by approxi-
mately 50%. The power reduction will result in
reduced analog specifications, as shown in the
specification tables.

To place the CS6453 in the low-power V.22
mode, set control bits Low_Power and BAudio
to 1. With bit Low_Power enabled (low-power
mode), the internal sampling clock is reduced by
one-half, cutting the filter bandwidth in half.
This allows certain analog sections to be throt-
tled back in power. The selection of business
audio doubles the digital filter bandwidth. The
net effect is retaining the 5 kHz bandwidth. Note
that in this V.22 mode, the filter update rate is
fAFECLK/4 instead of fAFECLK/2. The serial port
operation is unchanged in this mode.

RECEIVER

The full scale input range of the CS6453 is
nominally *1.5 V differential. The CS6453 is
production tested with a 50 ohm source imped-

ance. However, the receiver can be used with

higher source impedances. When the source im-
pedance exceeds Sk ohms, the linearity of the
ADC may be degraded.

VDD/2 + 0.7V __ _ N 3 CS6453
vDD/2 W X

vODR2-0.75V — — L o

VDD2+075V .

vbD/2 — M — RX-

vDD/2-0.75V T VREF=2.5V

Full Scale Input level= (RX+) - (RX-)= 1.5 Vp or 3 Vpp
Figure 2. Full Signal Input Voltage

A programmable gain block precedes the ADC.
Four gain options (0 dB, 6 dB, 12 dB, 18 dB)
are selectable via the control register.

The 3rd-order modulator has an oscillation de-
tection circuit. When oscillation is detected, the
modulator is collapsed to a lst-order modulator
for 32 AFECLK clock cycles. After that interval,
the modulator returns to third order. It is ex-
pected that certain input signals, such as busy
tones, will cause the reduction to Ist order.
While operating as a Ist-order loop, noise per-
formance is degraded.

The converter’s serial output appears MSB-first
in 2’s complement format (see Table 1). A digital
24-bit output of 221 + 2!° + 2!3 (hex "2C0000")
corresponds to a full scale, 3.0 V peak-to-peak
differential, input (see Figure 2).

The receiver creates 24-bit samples, which are
available at a 2.7648 MHz rate (1.3824 MHz for
Power = 1). The DSP will request samples at a
rate of approximately 19.2 kHz. Each request re-
sults in the two most-recent samples being trans-
ferred to the DSP.

Bits Mnemonic Function
(MSB) 47-24 RXSAMP1

(LSB) 23-0 RXSAMP2

RX Sample #1, MSB first

RX Sample #2, MSB first

Table 1. Receive Serial Data Output Word

DS110PP6
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N 4 . wy /i
 J 17 4 S arl 4 056453
Tx hold
filter data a—m—j
contents two samples |
Tx input shift "
s . previous next two
et gt wosampes | | Sempes |
TXDATA [
(input to AFE)
(MSB) (LSB)
-(li-r)\(pl;:'u':ut\o AFE four AFECLK cycles
AFECLK M
(input to AF
TXSTR
(input to AFE)
even number ot
AFECLK cyclgs
RXSTR
(input to AFE)
AFECLK v /_\_/
(input to AF| S
4 AFECLK cylcles
RXENA . 4 \
(output by AFE) \
AXDATA v
{output by AFE)
Rx IR
i samples
filter dropped
output

Figure 3. Receive and Transmit Signal Timing (Power=0)

Serial Data Out: AFE to DSP

The serial output port is used to output data
words from the receiver. Output consists of 48
bits, written MSB first, on pin RXDATA. The
DSP requests to receive 48 bits from the CS6453
by strobing RXSTR low (see Figure 3). The fall-
ing edge of RXSTR must be synchronous with
the falling edge of AFECLK. RXSTR signal
must also be properly phased with the TXSTR
signal. If not, the RXSTR will be ignored, that is
to say, RXSTR is sampled internally with the
sampling clock whose phase is determined by

TXSTR. A properly phased RXSTR signal is a
multiple of 2 or 4 AFECLK cycles from the lat- .
est TXSTR signal. When the CS6453 senses that
RXSTR is low, then four AFECLK cycles later,
the CS6453 sets RXENA high, and transfers 48
bits to the DSP using AFECLK. RXDATA is
valid, and may be sampled, on the rising edge of
AFECLK.

6-120
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Receiver Filtering Considerations

The digital filtering is located after the A/D con-
version and can thus reject noise injected during
the conversion process (i.e. power supply ripple,
voltage reference noise, or noise in the ADC it-
self).

In contrast, analog filtering removes the noise
before it ever reaches the converter. To address
this issue, the CS6453’s analog modulator and
digital filter reserve headroom such that the de-
vice can process signals with amplitude ap-
proaching 12 V, and still output accurately con-
verted and filtered data.

In applying the CS6453, aliasing occurs during
both the initial sampling of the analog input at
fs;, (2.7648 MHz for Low_Power=0, 1.3824
MHz for Low_Power = 1), and during the digital
decimation process. Like any sampled-data filter,
though, the digital filter’s passband spectrum re-
peats around integer multiples of the sample rate,
fs;,- That is, any noise within =5 kHz bands
around fsin, 2 fsin, 3 fsin, etc. will pass unfiltered
and alias into the baseband. Such noise can only
be filtered by analog filtering before the signal is
sampled.

Since the signal is heavily oversampled (144:1),
a single-pole passive RC filter can typically be
used as shown in Figure 1. Any nonlinearities
contributed by this filter will be encoded as dis-
tortion by the CS6453. Therefore low distortion,
high frequency capacitors such as NPO (or
COG) ceramic are recommended.

TRANSMITTER

The CS6453 utilizes the delta-sigma technique of
executing low-cost, high-resolution D/A conver-
sions. A delta-sigma D/A converter consists of three
basic blocks: an interpolator, a 2nd-order digital
modulator and an analog filter.

The analog output is driven differentially from
TX+/TX-. An analog output amplitude of
+ 2.5 V corresponds to a full scale input (87381
decimal which equals (217)/1.5, after analog
loopback calibration. Refer to Figure 4 and the
System Calibration section. The transmitter
driver can be powered down using pin TXOFF.

Serial Data In: DSP to AFE

The converter’s serial input appears MSB-first in
2’s complement format (Table 2). Upon each
strobe to the CS6453 from the DSP, two events
occur. (Figure 3). First, the old data words, re-
ceived following the previous strobe, are input to
the filter. The first of the old words is input to
the DAC for one clock cycle (2.7648 MHz for
Low_Power = 0, 1.3824 MHz for
Low_Power = 1).

The second of the old words is input to the DAC
continuously until the next strobe occurs.

The second event is that two new words are re-
ceived by the CS6453, and are stored in a shift
register until the next strobe occurs.

Data is transferred using four input pins:
TXSTR, AFECLK, TXENA and TXDATA. Input
consists of 48 bits, written MSB first, on pin
TXDATA. The DSP indicates that it desires to
transfer 48 bits to the CS6453 by strobing
TXSTR low.

C56453
VDD/2 +1.25V —_— — —
o
VvDD/2 - 1.25V — — e [ —
VvDD/2 +1.25V — — — — [
oo f Ao
vDD/2- 1.25V VREF=2.5V

Full Scale Output level= (TX+) - (TX-)=2.5 Vp or 5 Vpp

Figure 4. Full Scale Output Signal Level

DS110PP6
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(MSB) 47-30

Bits

29
28

27

25
24

23-6

Mnemonic
TXSamp1

Smode1
Smode0

Sp1
Spo

RXGain1
RXGain0

TXSamp2
BAudio

FReset

Cntit
Cntlo

Low_Power

Speaker Se

Function

TX Sample #1, MSB first

Speaker source control.

Smodel ~ SmodeQd  Mode

0 0 speaker off

0 1 TX/ST only (Note 1)

1 0 RX only

1 1 TX/ST and RX (Note 1)

Speaker level control.

Sp1 Spo Level

0 0 Mute

0 1 Low (-18 dB)

1 0 Medium (-6 dB)

1 1 High (0 dB)

Receiver Modulator Gain control

RXGai RXGaino Gai

0 0 0dB

0 1 +6 dB

1 0 +12dB

1 1 +18 dB

TX Sample #2, MSB first

Enable Business Audio filters (1=filter bandwidth of 10 kHz;
adjusts filter coefficients).

Filter reset enable (1=clear the filter contents).

Source for ADC Channel

Cnt1 Cntlo Function

0 0 RX+

0 1 Digital Local Loopback

1 o] Analog Local Loopback

1 1 Microphone

Power control. (0=full power & performance; 1= reduce power &
performance; adjusts bias currents).

lection

EPHONE  Qutput Selected

0 8-ohm Speaker (SPKRt) & Digital speaker (DSPKR)

1 - Earphone (EARt)

Notes: 1. The sidetone path is selected over the transmit path when the earphone output, microphone
input, and TXt output (TXOFF=0) are all enabled.

Table 2. Transmit Serial Data Input Word
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The falling edge of TXSTR should be synchro-
nous with the falling edge of AFECLK. The
TXSTR determines the phase of the AFE’s inter-
nal sampling clock (AFECLK divided by 2 for
POWER=0, and AFECLK divided by 4 for
POWER=1). If the TXSTR’s phase is inconsis-
tent, noise/distortion is introduced into the con-
verters.

Four AFECLK cycles after TXSTR goes low, the
(CS6453 is prepared to receive data on TXDATA
under control of TXENA. During these first four
clock cycles, the previous data samples are being
shifted into a zero order hold. Therefore, if
TXENA goes high prior to four clock cycles, the
new input samples are ignored until the comple-
tion of the first four clock cycles.

When TXENA goes high, 48 bits are transferred
to the CS6453 using AFECLK. TXDATA is sam-
pled on the rising edge of AFECLK.

SPEAKER DRIVERS

Three speaker outputs are provided: an 8-ohm
speaker driver, a 125-ohm earphone driver, and a
I-bit digital speaker out. The 8-ohm speaker out-
put pins allow end-users to monitor the progress
of modem call set-up. The CS6453 can drive an
8-ohm speaker directly, via pins SPKRt. The
digital speaker signal, output on pin DSPKR, can
be connected to an external speaker driver, as
might be supported in a PCMCIA application.
The DSPKR signal has hysteresis to avoid chat-
ter.

Speaker Qutput Enable

The desired speaker output signal is selected via
bit EPHONE of the control register, and pin
SPKOFF. Four configurations are available as
shown in Table 3. Non-selected analog outputs
are high impedance.

Selection Output Status
Speaker SPKOFF |Speaker| Ear- | Digital
Selection bit Pin phone |Speaker
(EPHONE)
0 0 on off on
0 1 off off on
1 0 off on off
‘ 1 1 off off off

Table 3. Speaker Output Enable
Speaker Output Level Control

The speaker driver outputs are controlled via the
control register. The volume levels can be set
with the Sp1 and SpO control bits (see Table 2).
The relative volume levels are O dB (High),
-6 dB (Medium), -18 dB (Low), and mute. Note
that all of the speakers can be turned off by
either setting Sp0 and Sp1 to 0, or by setting pin
SPKOFF to logic high and bit EPHONE to 1.
Using the former approach is recommended
since it achieves the lowest power consumption.

Speaker Source Selection

The signal source for the speaker drivers is se-
lected via the Smodel and SmodeO control bits.
The speaker can be driven with the transmit sig-
nal only (Smodel=0, Smode0=1), the receive
signal only (Smodel=1,Smode0=0) or a combi-
nation of the transmit and receive signals
(Smodel=1, SmodeO=1). Typically, the "RX
only" 8-ohm speaker configuration is used to
monitor the modem call in progress. For applica-
tions where the hybrid completely cancels the
transmit signal, the "TX and RX" configuration
can be used.

For telephone emulation applications, the side-
tone inputs are selected instead of the transmit
outputs when the earphone output, TX+ output,
and microphone input are all enabled.

DS110PP6
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MICROPHONE INPUT

The microphone input is selected via the control
register (bits Cntl0 & Cntll). When selected, the
MICt pins are multiplexed into the analog re-
ceiver. The MIC+ pin must be AC coupled as
shown in Figure 1. The MIC- pin provides the
ground for the electret microphone. The RXgain
control bits can also be used to select the micro-
phone gain. If the microphone input is not se-
lected then the MICt pins are high impedance,
and the external microphone circuitry is powered
down.

LOOPBACKS

Two local loopbacks are provided as shown in
the block diagram on the data sheet cover.

The analog local loopback connects the output
of the transmitter to the input of the receiver’s
delta-sigma modulator. During analog loopback,
the TX* outputs are still active.

The digital local loopback connects the 1-bit output
of the transmitter’s 2nd-order modulator to the in-
put of the receiver’s decimation filter. During digi-
tal loopback, the TXt outputs are still active.

CONTROL REGISTER

The control register is updated, once per strobe, via
the TXDATA input pin. Just as is the case with the
input data words, the control words are buffered for
one TXSTR period. Therefore the sequence of
events is the following: upon the falling edge of
TXENA, the contents of the control register is
updated with the "old" control bits which were
input to the CS6453 following the previous
strobe. Several clock periods after the TXSTR
transition, "new" control bits are input on
TXDATA using AFECLK and TXENA. These
new bits are held temporarily in a shift register

until the next strobe occurs. The control informa-
tion input to the CS6453 is shown in Table 2.

The FReset control bit clears all registers in the
digital modulator and filters without affecting the
control bits. An asserted FReset will cause the
transmitter analog outputs to tend toward the
supply rails.

RESET

Taking the RESET pin high will reset the inter-
nal logic of the CS6453 and set all contents of
the control register to 0. Although the rising
edge of RESET asynchronously resets all inter-
nal logic, the internal reset state is not exited un-
til the first rising edge of AFECLK after RESET
is de-asserted. Analog bias voltage settling time
must be allowed to elapse before full device op-
eration is ensured (see Switching Charac-
teristics).

The power-up reset also clears the control regis-
ter. It is recommended however, that the RESET
pin be brought high, then low, at least | ms after
power is applied.

The digital filter’s contents can be reset to zero
via the FReset bit, located in the control register.
The input data should be all zero when removing
the FReset condition (FRESET falling to 0) to
avoid race conditions between the data and the
removal of reset. The control bits may be any
value as needed.

POWER DOWN MODE

The CS6453 can be placed in a power-down
standby mode by holding AFECLK static for
1 ms. The CS6453 senses the idle AFECLK and
stops A/D and D/A conversions, and shuts down
the serial I/O ports. Toggling the AFECLK will
wake up the CS6453. Analog bias voltage set-
tling must be allowed to elapse before full de-
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vice operation is ensured (see Switching Charac-
teristics).

SYSTEM CALIBRATION

This section describes how system calibration of
receiver gain can be performed. The receiver ab-
solute gain accuracy, before system calibration,
is 5% for the 0 dB gain setting. During calibra-
tion, the DSP uses analog loopback to send a
signal from the DSP through the transmitter, and
then the receiver, and back to the DSP. The
transmit gain accuracy is measured. Once the
transmit gain is known, the other receiver gains
can be calibrated.

More specifically, a transmit gain system calibra-
tion can be performed as follows. Select the
0 dB receiver gain setting. Select analog local
loopback. While in analog loopback, the DSP
transmits a reference signal. The DSP measures

the transmit gain by comparing the loopback re-
ceive signal to the transmitted reference signal.
Once the transmit gain is known, the receive
gain for the +6 dB, + 12 dB, and +18 dB gain
setting can be measured in a similar manner.

APPLICATION NOTES
Table 4 summarizes the operating modes.
Telephone Emulation

The CS6453 can connect the DSP to both a tele-
phone handset and a telephone line. In this appli-
cation, the DSP can emulate the functions of a
telephone set, including generating DTMF tones,
and recognizing telephony signaling and supervi-
sion.

The telephone line is connected via TX+, ST+,
and RX+ to the Data Access Arrangement. See
Figure 5. The handset earphone is connected to
EARt. The handset mouthpiece is connected to
MIC+t.

Telephone

line

DAA

ST

RX X

Handset |
- EAR Spkr
driver

MiC

L bAC TXdata

DSP
RXdata

T‘ ADC

[

Figure 5. Telephone Emulation

DS110PP6

—

6-125



(ared 1,uop=)(] ‘o[qeoidde jou=y)N) suonsagdng uonpedriddy ‘ sjqey,

CS6453

. suoyd
iayeads auoyd 10 .
pesn jou ) . . 1 -0I0N | opny
WN ho ‘uo 4o E..__o 80} Ho oiow 0 0 - Ao DI 1axesdg | sssuisng
‘uo o} X1
dsd
1eads - 1'0 dsafq yoegheid
YN g |PERIY] go Juwega| og 2a 0 0 L Auo | palouBy Lmumm%m BuIyoEN
: ‘uo XL :0a S | remsuy
. . ploosy
VN yo yo yo wo | waa | o ' ' 1 % o0 | TS| euoen
’ ’ Jamsuy
suoydiea suoyd 10 .
+ . 1L 19spueH | jespueH
+X1 Ho §o wyo-sg| Ho Ho o101 I 0 I Auo .
o o o1 1 “OIN dsq | enqow
1oxeads suoyd o't . Jexeadg
VN vva ol uwmnoao: J0 wyo-g 0} | yya o} -0101W 0 0 0 :Auo .— 1 wva auoyd
. OIN -layeadg
uo o} Xd dSa
auoyd
X8 ywaa | o ﬂ_muwww wo | waa | oM ' 0 0 b e L
‘F1S . jaspuey Xd B LS| OIW auoydsja)
o} uo ol dsd
L/0‘}
ud ‘ HXdsa
y apo|
N | wwaor |viowod | Mo wo | wwaor | o 0 L o | X43XL 00 vva | ePen
o} uo o Xd Jsa VIOWOd
: Auo Xy
1/0'L
19yeads . loqeads | Jojuopy
u
N | wwaor |[PEIIYT go lwyogar{ wygor | o 0 0 o |XHEXL] 00 wva | Ireo yim
‘uo "o i0 Xy dsa wapop
: Ao Xy
00 00 vva
o] lo) wapo
YN | yvaol | yo Ho Ho vvaor | 4 L F 0 4o o it POW
. - (330x1) | (pspows | {opud
suolep! _ . - ‘ .
dolRs | x| iSO (ryg) (Brag) | () W.w_,_\.w (@NOHA|(HONIS)] ™40 |, opowss) | “yud) |seoepiamy
e suoydie] | iexeeds | soAI80aY | : sl 20Inog 80iN0S | (ewsalxy | SpoiN
Jo 82UN0S | -suely reubig oo | Joyeads | Jeyeadg ‘sues) | soyeads oav Aoy
snjeis inding snyeig indug SUON99]aS |oNU0H L

DS110PP6

6-126



CS6453

The following control options are selected via
the control register. The microphone input is en-
abled (Cntrl=1, Cntl0=1). The earphone drive is
enabled (EPHONE=1). Side tone is provided by
the speaker configuration of "ST and RX"
(Smodel=1 and SmodeO=1).

The sidetone signal is derived from the transmit
signal via an external resistor divider. The resis-
tor divider is external so that the sidetone signal
strength can be adjusted to a particular level.

Handset Support

When the DSP needs to connect to the handset
and not to a DAA (for example, in a portable
radio), the transmit driver can be powered down
by setting TXOFF high, cutting power dissipa-
tion by 50% (see Figure 6).

Answering Machine Application

The CS6453 can be used to playback recorded
messages or screen incoming telephone calls.
The audio output is provided over the 8 Q

speaker pins (SPKRt). For the answering ma-
chine playback mode, the "TX only"

(Smode1=0, Smode0=1) 8 Q speaker configura-

\
from | MIC

tion is used. For the call screening option the
"TX and RX" (Smodel=1, Smode0O=1) configu-
ration is used.

Bugsiness Audio Application

The CS6453 supports business audio application.
Because of the bandwidth requirements of busi-
ness audio, it is necessary to change the filter
bandwidths to 10 kHz (set control bit
BAudio=1), and use input/output sample rates of
38.4 kHz (which is twice the normal sample
rate) on pins TXSTR and RXSTR.

Typically, the audio input is received on MICH,
and the audio is output via pins SPKRt or
EAR*.

POWER SUPPLY AND GROUNDING

The CS6453 can operate over the entire 3V to
5.5V power supply range.

The CS6453, along with associated analog cir-
cuitry, should be positioned in an isolated section
of the circuit board, and have its own, separate,
ground plane. The best solution is to place the

MIC >*P‘ A/D
input

D/A

Gain

'

'I:I‘I)R( RXdata
filter | (To dsp)
|
|
|
I)Fi TXdata
filter | (From dsp)
B
Idspkr__ |
Spkr ear | -
driver oﬁp_kr_.l _

Figure 6. Mobile Handset
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178" *‘\ ;“

Digital
Ground
Plane Ground
Connection
+3.3V
Ferrite
Bead

|

DSP & Digital
Logic

CS6453
digital
signals

g?‘a'°.9 Note that the CS6453
;::::d is oriented with its
digital pins towards the
® digital end of the board.
CS6453
C86453
analog
signals &
Components

Figure 7. Suggested Layout Guidelines

entire chip on a solid ground plane as shown in
Figure 7. A single connection between the
CS6453 analog ground and the board digital
ground should be positioned as shown in Figure
7. The TXGND, RXGND, LSGND and DGND
pins must be externally connected with zero im-
pedance between them.

Preferably, the CS6453 should also have its own
power plane, isolated from the power plane for
the rest of the board by a ferrite bead, as shown
in Figure 7. The VD+ power supply can be de-
rived from the TXV+, RXV+ and LSV + supplies
using the 10 ohm resistor shown in Figure 1.
However, the VD+, TXV+, RXV+ and LSV+
supplies must stay within a diode drop of each
other, or the chip could be permanently dam-
aged.

Alternatively, a separate +3.3V analog supply
may be used for TXV+, RXV+, LSV+,

The supply pins should be decoupled to their re-
spective grounds as shown in Figure 1. Decou-
pling should be accomplished with 0.01 pF ce-
ramic and 1.0 pF capacitors.

There are no power supply sequencing require-
ments.

Layout of through-hole boards

This section assumes: a surface-mount socket,
leaded decoupling capacitors, and a fairly solid
ground plane in either the bottom or inter-layer.

There should be a solid ground plane under the
CS6453 on the same layer as the CS6453 and it
should connect all ground pins with thick traces
providing the absolute lowest impedance be-
tween ground pins. The decoupling capacitors
should be placed as close as possible to the de-
vice which, in this case, is the socket boundary.
The lowest value capacitor should be placed
closest to the CS6453. Vias should be placed
near the TXGND, RXGND, LSGND and DGND
pins, under the IC, and should attach to the solid
ground plane on another layer. The negative side
of the decoupling capacitors should also attach
to the same solid ground plane. Traces and vias
bringing power to the CS6453 should be large,
which minimizes the impedance.

The trace layer (top layer) should have ground
plane fill in-between the traces to minimize cou-
pling into the analog section.
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If using a through-hole socket, effort should be
made to find a socket with minimum height,
which will minimize the socket impedance.

Layout of surface-mount boards

If using all surface-mount components, the de-
coupling capacitors should be placed on the
same layer as the CS6453. The vias should at-
tach to the appropriate power and ground layers.
Traces and vias bringing power to the CS6453
should be as large as possible to minimize the
impedance.

Crystal publishes an Application Note entitled
"Layout Rules for Analog-to-Digital and Digital-
to-Analog Converters It is reprinted in the appli-
cation note section of this book.

CS6453

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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PIN DESCRIPTIONS
TXV+
TX+ TXGND
TX- RESET
TXGND ~—TXSTR
TXGND / TXDATA
TXGND\ / TXENA
VBOOSTMD_L/SPKOFF
VCM_\ 44 42 40 38 36 34 TXOFF
vmsn%g ; bo{ & ;AFECLK
VREF-K j CS6453 ;(1) TEST1
RXGND—\[ 5 44 Pin QFP 29j/—TESTO
RX+——1( & 280——DGND
q7 i 27p
RX- _../ s TOp View . j\__VD_._
MIC+J 9 25D RXENA
MiC- / a0 EQJXRXDATA
ST+ 14 18 20 22 \\' RXSTR
_JLJL_IL_ILI\JLJULJLJL\J\DSPKR
RXGND \st
RXV+ LSGND
RXGND EAR-
RXGND EAR+
LSGND SPKR-
SPKR+
Power Supplies
VD+ - Digital Power, PIN 27.
Digital supply voltage. Nominally 3.3 volts
DGND - Digital Ground, PIN 28.
Digital ground reference.
TXV+ - Transmitter Power, PIN 39.
Transmitter analog supply voltage. Nominally 3.3 volts.
TXGND - Transmitter Ground, PINS 38, 42, 43 and 44.
Transmitter analog ground reference.
RXV+ - Receiver Power, PIN 13.
Receiver analog supply voltage. Nominally 3.3 volts.
RXGND - Receiver Ground, PINS 5, 12, 14 and 15.
Receiver analog ground reference.
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LSV+ - 8 Q Speaker Power, PIN 22.
8 € Speaker supply voltage. Nominally 3.3 volts.

LSGND - 8 Q Speaker Ground, PINS 16 and 21.
8 Q speaker ground reference.

Clock

AFECLK - AFE Clock Input, PIN 31.
Must be driven by a 5.5296 MHz CMOS clock signal.

Inputs

ST+, ST- - Sidetone Inputs, PINS 10 and 11.
Sidetone differential inputs. Used by the CS6453 when earphone outputs, microphone inputs,
and transmitter outputs are all enabled.

RX+,; RX- - Analog Inputs, PINS 6 and 7.
Analog receiver differential inputs.

MIC+, MIC- - Microphone Inputs, PINS 8 and 9.
Microphone differential inputs.

TXSTR - Transmitter Data Input Strobe, PIN 36.
Control for transmitter serial input interface. A transition to low is a request for the CS6453 to
receive two 24-bit words on TXDATA.

TXDATA - Transmitter Data Input, PIN 35.
Serial data input pin. Data is sampled on the rising edge of AFECLK. Includes two’s
complement format data to be transmitted plus update for the control register. See Table 1 for
the format of this data.

TXENA - Transmitter Data Input Enable, PIN 34,
The rising edge indicates the start of serial data input on the TXDATA pin. The falling edge
indicates the end of serial data input.

RXSTR - Receiver Data Input Strobe, PIN 24.
Control for receiver serial output interface. A transition to low is a request for the CS6453 to
output two 24-bit words on RXDATA.

RESET - Reset, PIN 37,
Resets the CS6453, and clears of the control register.
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TXOFF -Transmitter Off Select, PIN 32.
If set to logic high, the CS6453 powers down the TXt transmit driver.

TESTO0, TEST1 - Factory Test Select, PIN 29, 30.
These pins must be held low for normal operation.

SPKOFF-SPEAKER DRIVER OFF, PIN 33.
If set to logic high, the CS6453 powers down the speaker driver.

Outputs

TX+, TX- - Transmitter Analog Outputs, PINS 40 and 41.
Analog transmitter differential outputs.

RXENA - Receiver Digital Qutput Enable, PIN 26.
The rising edge indicates the start of serial data output on the RXDATA pin. The falling edge
indicates the end of serial data output.

RXDATA - Data Output, PIN 25.
Receiver serial data output pin. Converted data is clocked out on this pin by the falling edge of
AFECLK. Data is sent MSB first in two’s complement format.

SPKR+, SPKR- - 8-ohm Speaker Outputs, PINS 17 and 18.
Differential output driver pins for external 8-ohm speaker.

EAR+, EAR- - Earpiece Outputs, PINS 19 and 20.
Differential output driver pins for external 125-ohm telephone handset speaker.

DSPKR - Digital Speaker Drive Output, PIN 23.
This pin is a quantized (1-bit) representation of the speaker drive first stage output.

VREF+, VREF- - Voltage Reference Buffer, PINS 3 and 4.
The voltage references provide an internal reference. VREF+ allows the reference to be
bypassed using an external 1.0 UF capacitor. VREF- should be connected to ground.

VCM - Voltage Common Mode, PIN 2.
The common mode voltage provides an external mid-scale reference for the external differential
analog circuitry, and should bz used, for example, as a reference for the external microphone.

VBOOST - Voltage Boost, PIN 1.
This pin is part of the internal 3V-to-5V charge pump circuit, and should be bypassed to ground
with an external 1 pF cap. The nominal voltage on this pin is two times VREF. This pin should
be connected only to the specified capacitor.
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PARAMETER DEFINITIONS
Resolution

The number of bits in the input words to the DACs, and in the output words from the ADCs.

Dynamic Range
Dynamic Range is the ratio of the rms value of a full scale signal to the lowest obtainable noise
floor. It is measured by comparing a full scale signal to the noise floor with grounded inputs.
Units in dB.

Total Harmonic Distortion
THD is the ratio of a rms full-scale signal to the rms sum of the first five harmonic
components. 1 kHz is used for testing. Units in dB.

Offset Error
For the ADC, the deviation from the zero-voltage differential input voltage needed to produce
an ideal mid-scale output code. For the DAC, the deviation of the output from differential zero
with mid-scale input code. Units in volts for the DAC and the ADC.

Moneticity
The DAC is monotonic if every increasing input code produces a continuously increasing
analog output (i.e, a differential linearity error < £1LSB).

DS110PP6 6-133



