ANALOG 192kHz STEREO ASYNCHRONOUS
DEVICES SAMPLE RATE CONVERTER

AD1896

FEATURES Patents Pending

Automatically Senses Sample Frequencies

No Programming Required

Attenuates Sample Clock Jitter

3-5V Input and 3.3V Core Supply Voltages

Accepts 16/18/20/24-Bit Data

1kHz to 192kHz Sample Rate Range

Input/Output Sample Ratios from 7.75:1 to 1:8

Bypass Mode

Multiple AD1896 TDM Daisy Chain Mode

Multiple AD1896 Matched Phase Mode

139 dB Signal-to-Noise and Dynamic Range (A-Weighted, 20-20kHz BW)
120 dB THD+N minimum for all sample rates and input frequencies
Linear Phase FIR Filter

Hardware Controllable Soft Mute

Supports 256xFg, 512xFg or 768xFg Master Mode Clock

Flexible Three wire Serial Data Port with Left-Justified, IZS, Right-Justified (16,18,20,24-Bits) and DSP Serial Port Modes
Master/Slave Input and Output Modes
28 Lead SSOP Plastic Package

APPLICATIONS
Home Theater Systems, Studio Digital Mixers, Automotive Audio Systems, DVD, Set-top Boxes, Digital Audio Effects
Processors, Studio to Transmitter Links, Digital Audio Broadcast Equipment, Digital TapeVarispeed Applications

PRODUCT OVERVIEW

The AD1896 is a 24-hit, high-performance, single-chip, second-generation asynchronous sample rate converter. Based upon Analog
Devices Inc. experience with its first asynchronous sample rate converter, the AD1890, the AD1896 offers improved performance and
additional features. Thisimproved performance includes a minimum THD+N of 120dB for all input frequencies and sample rates, 139
dB dynamic range, 192 kHz sampling frequencies for both input and output sample rates, improved jitter rejection and 1:8 up-
sampling and 7.75:1 down-sampling ratios. Additional features include more serial formats, a bypass mode, better interfacing to
digital signal processors and a phase matching mode.

The AD1896 has a3 wire interface for the serial input and output ports that supports Left-Justified, 1°S and Right-Justified
(16,18,20,24-Bit) modes. Additionally, the serial output port supports TDM mode for daisy chaining multiple AD1896’sto adigital
signal processor. The serial output datais dithered down to 20, 18 or 16 bits when 20,18 or 16 bit output datais selected. The AD1896
sample rate converts the data from the serial input port to the sample rate of the serial output port. The sample rate at the serial input
port can be asynchronous with respect to the output sample rate of the output serial port. The master clock to the AD1896, MCLK, can
be asynchronous to both the serial input and output ports.

MCLK can either be generated off chip or on chip by the AD1896 master clock oscillator. Since MCLK can be asynchronous to the
input or output serial ports, a crystal can be used to generate MCLK internally to reduce noise and EMI emissions on the board. When
MCLK is synchronous to either the output or input serial port, the AD1896 can be configured in a master mode where MCLK is
divided down and used to generate the left/right and bit clocks for the serial port that is synchronous to MCLK. The AD1896 supports
master modes of 256xFs, 512xFs and 768xFs for both input and output seria ports.

Conceptually, the AD1896 interpolates the serial input data by a rate of 2%° and samples the interpol ated data stream by the output
samplerate. In practice a 64 tap FIR filter with 2%° polyphases, a FIFO, adigital servo loop that measures the time difference between
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input and output samples within 5 ps and a digital circuit to track the sample rate ratio are used to perform the interpolation and output
sampling. Refer to the section titled “ Theory of Operation”. The digital servo loop and sample rate ratio circuit automatically track
the input and output sample rates.

The digital servo loop measures the time difference between input and output sample rates within 5 ps. Thisis necessary in order to
select the correct polyphase filter coefficient The digital servo loop has excellent jitter rejection for both input and output sample rates
aswell asthe master clock. Thejitter rejection begins at less than one herz. This requires along settling time whenever RESET is
deasserted or when the input or output sample rate changes. To reduce the settling time, upon deassertion of RESET or achangein a
sample rate the digital servo loop enters the fast settling mode. When the digital servo loop has adequately settled in the fast mode, it
switches into the normal or slow settling mode and settles some more until the time difference measurement between input and output
sample rates is within 5ps. During fast mode the MUTE_OUT signal is asserted high. Normally, the MUTE_OUT is connected to the
MUTE_IN pin. The MUTE_IN signal is used to softly mute the AD1896 upon assertion and softly unmute the AD1896 when it is
deasserted.

The sample rate ratio circuit is used to scale the filter length of the FIR filter for decimation. Hysteresis in measuring the sample rate
ratio is used to avoid oscillations in the scaling of the filter length, which would cause distortion on the output. However, when
multiple AD1896’s are used with the same serial input port clock and the same seria output port clock, the hyteresis causes different
group delays between multiple AD1896’s. A phase matching mode feature was added to the AD1896 to address this problem. In phase
matching mode one AD1896, the master, transmits its sample rate ratio to the other AD1896's, the laves, so that the group delay
between the multiple AD1896’ s remains the same.

The group delay of the AD1896 can be adjusted for short or long delay. An address offset is added to the write pointer of the FIFO in
the sample rate converter. This offset is set to 16 for short delay and 64 for long delay. In long delay the group delay is effectively
increased by 48 input sample clocks.

The sample rate converter of the AD1896 can be bypassed altogether using the bypass mode. In bypass mode the AD1896' s serial
input datais passed directly to the seria output port without any dithering. Thisis useful for passing through non-audio data or when
the input and output sample rates are synchronous to one another and the sample rateratio is exactly 1 to 1.

The AD1896 isa+3.3 volt, +5V input tolerant part and is available in a 28-lead SSOP SMD package. The AD1896 is 5 volt input
tolerant only when the VDD _10 supply pin is supplied with 5 volts.
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AD1896 BLOCK DIAGRAM

GRPDLYS  RESET Didd Dv(ld_|o
MUTE | AD1896 |
\ 4 » SDATA O
SDATA | iq <41 SCLK_O
SCLK_I  4—7¥ FIFo |4 ESout 14— € LRCLK_O
LRCLK_| 4—1p - FSin
SERIAL T tvl——\ i e tom
SMODE_IN_o—» INPUT SERIAL
A | —p| DIGITAL ] FIR M OUTPUT el smope 0.0
SMODE_IN_2—1P PLL | Sy [ SMopE 00
BYPASS —1P X &
41— WLNGTH_O_0
MUTE_O < A\ _O_
- 41— WLNGTH_O_1
cLOCK ROM
DIVIDER
A | N = A

MCLK_| MCYK_O | | .
MSMODE_0! MSMODE_2 =
MSMODE_1

AD1896 PIN OUT: PACKAGE, 28-LEAD SSOP (RS-28)

GRPDLYS [ @ [26] MMODE_2
MCLK_| =] [27 ] MMODE_1
MCLK_O [&] [26 ] MMODE_O
SDATA_I [ [25 ] SCLK_O
SCLK_| = [24] LRCLK_O
LRCLK_I  [&] [23] SDATA_O
VDD_IO =] [22]1 VDD_CORE
DGND = AD1896 211 DGND
BYpass [ [20] TDM_IN
SMODE_IN_0 [1g] [19]1 sMODE_ouT 0
SMODE_IN_1 [or] [161 sMODE_ouT 1
SMODE_IN_2 [1Z] [17] WLNGTH_OUT_0
RESET =] [16] WLNGTH_OUT_1
MUTE_IN (4] [15] MUTE_OUT

3 REV PrO




PRELIMINARY TECHNICAL DATA

AD1896

TEST CONDITIONS UNLESS OTHERWISE NOTED

Supply Voltages (DVpp) +3.3V

Vdd 10 +3.30r 5V

Ambient Temperature 25°C

Input Clock 33MHz, (512xFs Mode)

Input Signal 1.000kHz, OdBFS (Full Scale)
Input Sample Rate 48 kHz

M easurement Bandwidth 20 Hz to 20kHz

Word Width 20 bits

L oad Capacitance 50 pF

Input Voltage HI 24V

Input Voltage LO 0.8V

Vauesin bold typeface are tested, all others are guaranteed, not tested.

DIGITAL PERFORMANCE (0°C<T,<70°C, DVdd = 3.3V+10%, 8BMHz<M CLK<33MHz)

PARAMETER Min Typ Max Units

Resolution 24 Bits
Dynamic Range (20 Hz to 20 kHz, 1kHz, -60 dB Input)
No Filter

44.1kHz:48kHz 136 dB

48kHz:96kHz 136 dB

96kHz:48kHz 133 dB

48kHz:192kHz 135 dB

192kHz:32kHz 124 dB
Total Harmonic Distortion + Noise
(20 Hz to 20 kHz, 1kHz, 0 dB Input) No Filter

44.1kHz:48kHz -124 dB

48kHz:96kHz -132 dB

96kHz:48kHz -132 dB

48kHz:192kHz -132 dB

192kHz:32kHz -127 dB
Interchannel Gain Mismatch 0.0 dB
Interchannel Phase Deviation 0.0 Degrees
Mute Attenuation (24 bit) -144 dB

DIGITAL FILTERS (FSin/FSout=1, 0°C<T,<70°C, DVdd = 3.3V+10%, 8MHz<MCLK <30MH?2)
FIR FILTER MIN TYPICAL MAX UNITS

Pass Band 0.4535Fs Hz

Pass Band Ripple +0.00xx dB

Transition Band 0.4535Fs 0.5465Fs Hz

Stop Band 0.5465Fs Hz

Stop Band Attenuation 142 dB

Group Delay nnn/Fs ns
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DIGITAL TIMING (0°C<T,<70°C, DVdd = 3.3V+10%, SMHz<MCLK<33MHZz
PARAMETER* MIN MAX UNITS
tmeLki MCLK | Period 33.3 125 ns
fMCLKI MCL K_| Fraquency 8.0 33.0 MHz
tmPWH MCLK | Pulse Width High TBD ns
tmpPwL MCLK | Pulse Width Low TBD ns
tmcLko MCLK_O Period TBD ns
fMCLKO MCLK_O Frequency TBD MHz
tris LRCLK | Setupto SCLK | TBD ns
t ros LRCLK O Setupto SCLK_O (All Modes) TBD ns
tL rRoH LRCLK_ O Hold from SCLK_O (TDM mode only) TBD ns
tois SDATA | Setupto SCLK | TBD ns
toin SDATA_| Hold from SCLK | TBD ns
tbord SDATA_O Propagation delay from SCLK_O TBD ns
toon SDATA_OValid from SCLK_O TBD ns
tan SCLK_| Pulse Width High TBD ns
taL SCLK_| Pulse Width Low TBD ns
tson SCLK_O Pulse Width High TBD ns
tsoL SCLK_O Pulse Width Low TBD ns
tL RoH LRCLK_O Pulse Width High (TDM Mode Only) TBD ns
tLroL LRCLK O Pulse Width Low (TDM Mode Only) TBD ns
fseLk SCLK_I Frequency With xMHz Clock TBD MHz
fscko SCLK_O Frequency With xMHz Clock TBD MHz
flri LRCLK I Freguency With xMHz Clock TBD MHz
fLro LRCLK_O Freguency With xMHz Clock TBD MHz
trorp RESET Pulse Width HI TBD ns
troRs RESET Setup to MCLK | TBD ns
* Refer to timing diagrams
DIGITAL I/O CHARACTERISTICS (0°C<T<70°C, DVdd = 3.3V+5%, MCLK=30MHz)
PARAMETER MIN TYP MAX UNITS
Input Voltage HI (V) 2.0 V
Input Voltage LO (Voy) 0.8 vV
Input Leakage (I,y@V 4=3.5V) 100 A
Input Leakage (l ||_@V||_=0.8V) 100 mA
Input Capacitance 5 10 pF
Output Voltage HI (Von@l oy = -200:A) DVpp-0.5 DVpp-0.4 \%
Output Voltage LO (Vo @l o = 4mA) 0.2 0.5 \Y
Output Source Current HI (Io4) 7 mA
Output Sink Current LO(lo.) 7 mA
POWER SUPPLIES (0°C<T,<70°C, DVdd = 3.3V+10%, MCLK=33MH2z)
PARAMETER MIN TYP MAX ,IrJSNI
Supplies:
Voltage (VDD_CORE) 3.0 3.3 35 V
Current (I_ CORE)
48kHz:48kHz 20 mA
96kHZz:96kHz 26 mA
192kHz:192kHz 43 mA
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Current - Power-Down TBD mA

Power Dissipation: Operational

48kHz:48kHz 65 mw
96kHz:96kHz 85 mw
192kHz:192kHz 132 mw
Power-Down TBD mwW
TEMPERATURE RANGE
PARAMETER MIN TYP MAX UNITS
Specifications Guaranteed 25 °C
Functionality Guaranteed -40 +105 °C
Storage -55 125 °C
Thermal Resistance, 2;, TBD °C/W
ABSOLUTE MAXIMUM RATINGS *
PARAMETER MIN MAX UNITS
Power Supplies:
Digital Core (DVdd) -0.3 3.6 vV
Digital 10 (DVc) -0.3 6.0 \Y
Digital Inputs:
Input Current +20 mA
Input VVoltage DGND-0.3 | DV,,+0.3 | V
Ambient Temperature (Operating) -25 +70 °C
ESD Tolerance (Human Body Model, Method 3015.2, MIL-STD-883B) 1 kv

* Stresses greater than those listed under “ Absolute Maximum Ratings’ may cause permanent damage to the device. Thisisastress
rating only and functional operation of the device at these or any other conditions above those indicated in the operational section of
this specification is not implied. Exposure to absolute maximum rating conditions for extended periods may affect device reliability.

ORDERING INFORMATION
MODEL TEMPERATURE PACKAGE PACKAGE
RANGE DESCRIPTION OPTION
AD1896-ARS -25°C to +85°C 28-Lead SSOP Tube
AD1896-ARSRL -25°C to +85°C 28-Lead SSOP Reel
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PIN FUNCTION DESCRIPTIONS

PIN | IN/OUT PIN NAME DESCRIPTION

1 IN GRPDLYS Group Delay HI=Short, LO=Long

2 IN MCLK_IN Master Clock or Crystal Input (33MH2z)

3 ouT MCLK_OUT Master Clock output or Crystal Output

4 IN SDATA_I Input Serial Data (at |nput Sample Rate)

5 IN/OUT | SCLK_|I Master/Slave Input Serial Bit Clock

6 IN/OUT | LRCLK I Master/Slave Input Left/Right Clock

7 IN VDD |10 3V/5V Input/Output Digital Supply Pin

8 IN DGND Digital Ground Pin

9 IN BYPASS ASRC Bypass Maode, Active High

10 IN SMODE _IN_O Input Port Serial Interface Mode Select Pin 0

11 IN SMODE IN_ 1 Input Port Serial Interface Mode Select Pin 1

12 IN SMODE IN_2 Input Port Serial Interface Mode Select Pin 2

13 IN RESET Reset Pin, Active Low

14 IN MUTE_IN Soft Mute Input Pin — Normally Connected to MUTE_OUT
15 ouT MUTE OUT Output Mute Control — FIFO Pointer Overrun

16 IN WLNGTH_OUT _1 | Hardware Selectable Output Wordlength - Select Pin 1
17 IN WLNGTH_OUT 0 | Hardware Selectable Output Wordlength - Select Pin O
18 IN SMODE OUT 1 Output Port Serial Interface Mode Select Pin 1

19 IN SMODE_OUT_0 Output Port Serial Interface Mode Select Pin 0
20 IN TDM_DATA_IN Daisy Chain Mode, Serial Data I nput. Ground when not used
21 IN DGND Digital Ground Pin
22 IN VDD CORE 3.3V Digital Supply Pin
23 OUT | SDATA O Output Serial Data (at Output Sample Rate)
24 | INJOUT | LRCLK O Master/Slave Output Left/Right Clock
25 | IN/OUT | SCLK_O Master/Slave Output Seria Bit Clock
26 IN MMODE 0 Master/Slave Clock Ratio Mode Select Pin 0
27 IN MMODE 1 Master/Slave Clock Ratio Mode Select Pin 1
28 IN MMODE 2 Master/Slave Clock Ratio Mode Select Pin 2
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ASRC FUNCTIONAL OVERVIEW
THEORY OF OPERATION

Asynchronous sample rate conversion is converting data from one clock source at some sample rate to another clock source at the
same or different sample rate. The simplest approach to asynchronous sample rate conversion is the use of a zero-order hold between
two samplers shown in figure 1. In an asynchronous system T2 is never equal to T1 nor isthe ratio between T2 and T1 rational. Asa
result samples at FS_OUT will be repeated or dropped producing an error in the resampling process. The frequency domain shows the
wide side lobes that result from this error when the sampling of FS_OUT is convolved with the attenuated images from the sin(x)/x
nature of the zero-order hold. Theimages at FS_IN, DC signal images, of the zero-order hold are infinitely attenuated. Since the ratio
of T2to Tlisanirrational number, the error resulting from the resampling at FS_OUT can never be eliminated. However, the error
0%1 be significantly reduced through interpolation of the input dataat FS IN. The AD1896 is conceptually interpolated by afactor of
2.

N ZERO-ORDER HOLD —V\—QUI

|
|
|
|
|
|
FSIN=1T1 FS OUT = 1/T2

4 ORIGINAL SIGNAL

! 1 1 o

SIN(X)/X OF ZERO-ORDER HOLD

‘ | SPECTRUM OF ZERO-ORDER HOLD OUTPUT
| | L

I ! ! !
SPECTRUM OF FS_OUT SAMPLING

FS OUT 2*FS OUT

FREQUENCY RESPONSE OF FS_OUT CONVOLVED WITH ZERO_ORDER HOLD SPECTRUM

Figure 1. Zero-Order Hold being used by FS_OUT to resample data from FS_IN.
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The Conceptual High Interpolation Model

Interpolation of the input data by a factor of 2%° involves placing (2%°-1) samples between each FS_IN sample. Figure 2 shows both the
time domain and the frequency domain of interpolation by afactor of 2%°. Conceptually, interpolation by 2° would involve the steps
of zero-stuffing (2%° —1) number of samples between each FS_IN sample and convolving this interpolated signal with a digital lowpass
filter to suppress the images. In the time domain it can be seen that FS_OUT selects the closest FS_IN* 2% sample from the zero-order
hold as opposed to the nearest FS_IN sample in the case of no interpolation. This significantly reduces the resampling error.

INTERPOLATE LOW PASS ZERO-ORDER

N ¥ BY N FILTER HOLD

AN

FS OUT

o
0 0
0 0
)
TIME DOMAIN OF FS IN SAMPLES
O 00000
oo \
O¢)
TIME DOMAIN OUTPUT OF THE LOW PASS FILTER
TIME DOMAIN OUTPUT OF FS OUT RESAMPLING
0
o N .
0
)

TIME DOMAIN OF THE ZERO-ORDER HOLD OUTPUT

Figure 2. Time Domain of the Interpolation and Resampling.

In the frequency domain shown in figure 3 the interpolation expands the frequency axis of the zero-order hold. The images from the
interpolation can be sufficiently attenuated by a good low pass filter. The images from the zero-order hold are now pushed by afactor
of 2%° closer to the infinite attenuation point of the zero-order hold, which is FS_IN*2%. The images at the zero-order hold are the
determining factor for the fidelity of the output at FS_OUT. The worst case images can be computed from the zero-order hold

frequency response, maximum image =
9
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sin(p*F/FS_INTERP)/(p*F/FS_INTERP). F is the frequency of the worst case image which would be 22*FS_IN +/- FS_IN/2 , and
FS INTERPisFS IN*2%.

The following worst case images would appear for FS_IN=192kHz:

Image at FS_INTERP — 96kHz = -125.1 dB
Image at FS_INTERP + 96kHz = -125.1 dB

INTERPOLATE LOW PASS ZERO-ORDER w._ OUT
IN W BY N FILTER HOLD —
! !
FS IN FS OUT
i
FREQUENCY DOMAIN OF SAMPLESAT FS IN FS IN

SIN(X)/X ZERO-ORDER HOLD RN

FREQUENCY DOMAIN AFTERLOW PASSFILTER  2°* FS IN

FREQUENCY DOMAIN AFTER % £ N
RESAMPLING -

Figure 3. Frequency Domain of the Interpolation and Resampling.

Hardware Model

The output rate of the low pass filter of figure 2 would be the interpolationrate, 22° * 192000 kHz = 201.3 GHz. Sampling at arate of
201.3 GHz is clearly impractical not to mention the number of taps required to calculate each interpolated sample. However, since
interpolation by 2% involves zero-stuffing 2%°-1 samples between each FS_IN sample, most of the multipliesin the low pass FIR filter

are by zero. A further reduction can be realized by the fact that
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since only oneinterpolated sample is taken at the output at the FS_OUT rate, only one convolution needs to be performed per
FS_OUT period instead of 2%° convolutions. A 64 tap FIR filter for each FS_OUT sample is sufficient to suppress the images caused
by the interpolation.

The difficulty with the above approach is that the correct interpolated sample needs to be selected upon the arrival of FS_OUT. Since
there are 2% possible convolutions per FS_OUT period, the arrival of the FS_OUT clock must be measured with an accuracy of
1/201.3 GHz = 4.96 ps. Measuring the FS_OUT period with a clock of 201.3 GHz frequency is clearly impossible, instead, several
coarse measurements of the FS_OUT clock period are made and averaged over time.

Another difficulty with the above approach is the number of coefficients required. Since there are 2%° possible convolutions with a 64
tap FIR filter, there needs to be 2%° polyphase coefficients for each tap, which requires atotal of 2%° coefficients. To reduce the amount
of coefficientsin ROM, the AD1896 stores a small subset of coefficients and performs a high order interpolation between the stored
coefficients.

So far the above approach works for the case of FS_ OUT > FS_IN. However, in the case when the output samplerate, FS OUT, is
less than the input samplerate, FS_IN, the ROM starting address, input data and the length of the convolution must be scaled. Asthe
input sample rate rises over the output sample rate, the anti-aliasing filter’s cutoff frequency has to be lowered because the Nyquist
frequency of the output samplesisless than the Nyquist frequency of the input samples. To move the cutoff frequency of the anti-
aliasing filter, the coefficients are dynamically altered and the length of the convolution isincreased by afactor of (FS_IN/FS_OUT).
Thistechnique is supported by the Fourier transform property that if f(t) is F(w), then f(k*t) is F(w/k). Thus, the range of decimation is
simply limited by the size of the RAM.

Right DataIn ROMA 1™ HiGH
Left Dataln FIFO

ROM B ORDER

—>
ROMC L INTERP
—»>

ROM D
FS_IN DIGITAL
COUNTER » SERVO LOOP
A
Sample Rate Ratio '
FIRFILTER
cs N —»| SAMPLERATE .
RATIO «—— External Ratio L/R Data Out
FSOUT —p e

Figure 3. Architecture of the sample rate converter.

The Sample Rate Converter Architecture

The architecture of the sample rate converter is shown in figure 3. The sample rate converter’s FIFO block adjusts the left and right
input samples and stores them for the FIR filter’s convolution cycle. The FS_IN counter provides the write address to the FIFO block
and the ramp input to the digital servo loop. The ROM stores the coefficients for the FIR filter convolution and performs a high order
interpolation between the store coefficients. The sample rate ratio block measures the sample rate for dynamically altering the ROM
coefficients and scaling of the FIR filter length as well as the input data. The digital servo loop automatically tracksthe FS IN and
FS _OUT sample rates and provides the RAM and ROM start addresses for the start of the FIR filter convolution.

The FIFO receives the left and right input data and adjusts the amplitude of the data for both the soft muting of the sample rate
converter and the scaling of the input data by the sample rate ratio before storing the samplesin the RAM. Theinput datais scaled by
the sample rate ratio because as the FIR filter length of the
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convolution increases so does the amplitude of the convolution output. To keep the output of the FIR filter from saturating, the input
datais scaled down by multiplying it by (FS_OUT/FS_IN) when FS_OUT < FS_IN. The FIFO also scales the input data for muting
and unmuting of the AD1896.

The RAM in the FIFO is 512 words deep for both left and right channels. An offset to the write address provided by the FS_IN
counter is added to prevent the RAM read pointer from ever overlapping the write address. The offset is selectable by the GRPDLY'S,
group delay select, signal. A small offset is added, 16, to the write address pointer when GRPDLY Sis high, and alarge offset is
added, 64, to the write address pointer when GRPDLY Sislow. Increasing the offset of the write address pointer is useful for
applications when small changes in the sample rate ratio between FS_IN and FS_OUT are expected. The maximum decimation rate
can be calculated from the RAM word depth and GRPDLY S as (512-16)/64 taps = 7.75 for short group delay and (512-64)/64 taps =7
for long group delay.

10 =< = | |

N
N \5&
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= N
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- 40 N N
-50 5
-60 N

0 Ny N

-80 N N
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Figure 4. Frequency Response of the Digital Servo Loop. FS IN isthe x-axis, FS_ OUT=192kHz, Master Clock Frequency is 30 MHz.

The digital servo loop is essentially aramp filter that provides theinitial pointer to the addressin RAM and ROM for the start of the
FIR convolution. The RAM pointer isthe integer output of the ramp filter while the ROM is the fractional part. The digital servo loop
must be able to provide excellent rejection of jitter on the FS_IN and FS_OUT clocks as well as measure the arrival of the FS_ OUT
clock within 4.97 ps. The digital servo loop will also divide the fractional part of the ramp output by the ratio of FS_IN/FS_OUT for
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the case when FSIN > FSOUT to dynamically alter the ROM coefficients.

The digital servo loop isimplemented with a multirate filter. To settle the digital servo loop filter quicker upon start up or achangein
the samplerate, a“fast mode” was added to the filter. When the digital servo loop starts up or the sample rate is changed, the digital
servo loop kicksinto “fast mode” to adjust and settle on the new sample rate. Upon sensing the digital servo loop settling down to
some reasonable value, the digital servo loop will kick into “normal” or “slow mode”. During “fast mode” the MUTE_OUT signal of
the sample rate converter is asserted to let the user know that they should mute the sample rate converter to avoid any clicks or pops.
The frequency response of the digital servo loop for “fast mode” and “slow mode” are show in figure 4.

The FIR filter isa 64 tap filter in the case of FS_OUT >=FS _IN and is (FS_IN/FS_OUT) * 64 taps for the case when FS_IN >

FS OUT. The FIR filter performs its convolution by loading in the starting address of the RAM address pointer and the ROM address
pointer from the digital servo loop at the start of the FS_OUT period. The FIR filter then steps through the RAM by decrementing its
address by 1 for each tap, and the ROM pointer increments its address by the (FS_OUT/FS_IN)* 2% ratio for FS_IN > FS_OUT or 2%°
for FS_OUT >=FS_IN. Once the ROM address rolls over, the convolution is completed. The convolution is performed for both the
left and right channels and the multiply accumulate circuit used for the convolution is shared between the channels.

The FS_IN/FS_OUT samplerateratio circuit is used to dynamically ater the coefficients in the ROM for the case when FS_IN >
FS OUT. Theratio is calculated by comparing the output of aFS_OUT counter to the output of a FS_IN counter. If FS_OUT >
FS IN, theratioisheld at one. If FS_IN > FS_OUT, the sample rate ratio is updated if it is different by more than two FS_ OUT
periods from the previous FS_OUT to FS_IN comparison. Thisis done to provide some hysteresis to prevent the filter length from
oscillating and causing distortion.

However, the hysteresis of the FS_OUT/FS _IN ratio circuit can cause phase mismatching between two AD1896' s operating with the
same input clock and the same output clock. Since the hysteresis requires a difference of more than two FS_OUT periods for the

FS _OUT/FS_IN ratio to be updated, two AD1896's may have differencesin their ratios from 0 to 4 FS_OUT period counts. The
FS_OUT/FS_IN ratio adjusts the filter length of AD1896, which corresponds directly with the group delay. Thus, the magnitude in the
phase difference will depend upon the resolution of the FS OUT and FS_IN counters. The greater the resolution of the counters, the
smaller the phase difference error will be.

The AD1896'sFS IN and FS_OUT counters have three bits of extraresolution over the AD1890, which reduces the phase mismatch

error by afactor of 8. However, an additional feature was added to the AD1896 to eliminate the phase mismatching completely. One
AD1896 can set the FS_OUT/FS _IN ratio of other AD1896's by transmitting its FS_OUT/FS_IN ratio through the serial output port.
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OPERATING FEATURES
Serial Input/Output Ports

Serial I/0 Port Modes
Control Signals
Reset

Reset & Power Down
<Saving power in power down mode and initialising internal registers, timing, minimum reset delay after power up,
minimum RESET risetime, reset requirement during power sag.>

Power Supply & Voltage Reference

The AD1896 is designed for three volt supplies with five volt input compliance. = Separate power supply pins are used for
the internal logic and the input and output interface logic. These pins should be bypassed with 100nF ceramic chip capacitors, as close
to the pins as possible, to minimise noise pickup. A bulk aluminium electrolytic capacitor of 47:F should also be provided on the
same PC board as the AD1896.

<Comments to be added: Supply tolerance, Current required, filtering, power down savings. Rate of power up, latchup,
etc>

Digital Filter Group Delay
The group delay of the digital filter may be selected by the logic pin GRPDLY S. When this pin is high the filter group delay
will be short and is given by the equation,

GDS = ﬁ + ;—2 seconds for FSout > FSin

FSin

in

16 +§£32 9 geFSzn gsecondsfor FS,.<FS,
FS. eFSing eFSoutg

n

GDS =

GDL = &4 + 32 seconds for FS,,. > FS,,
F. F.

in in

64 +3832 9 éeFSzn gsecondsfor FS,.<FS,
FS. eFSing eFSoutg

mn

GDL =

Note: For the long GDL mode, the Decimation Ratio is limited to lessthan 7:1

Mute Control

When active, the MUTE_IN control will linearly decrease the datato zero. When the MUTE_IN signal is removed, the
attenuation will linearly decrease to zero. A 12-bit counter, clocked by LRCLK | is used to control the mute attenuation hence the
mute time will take 4096/LRCLK _| seconds.

When the internal FIFO read pointer overruns the write pointer the MUTE_OUT pin is activated. Normally this pin will be

connected externally to the MUTE_IN pin to mute the audio output. The MUTE_OUT pinisalso internally connected to the digital
PLL fast/slow loop control.
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PRELIMINARY TECHNICAL DATA AD1896

Clock Signals

In master mode, the AD1896 requires a 256Fs, 512Fs or 768Fs master clock (MCLK). The ‘power-up’ default is 256Fs. For
amaximum master clock frequency of 33MHz, the maximum samplerateis limited to 96kHz. In slave mode, sample rates up to
192kHz can be handled.

<Master clock requirements, glitch sensitivity, jitter sensitivity, input and output synchronous serial bit clocks and
frame clocks, BCLK and LRCLK requirements and jitter sensitivity.>

When either of the serial portsis operated in master mode, the master clock is divided down to derive the associated left/right
subframe clock (LRCLK) and serial bit clock (SCLK). The master clock frequency can be selected for 256, 512 or 768 times the
output sample rate. A 33MHz crystal or external clock can beused. The LRCLK and BCLK clock signals will be synchronous with
their respective input and output sample rates.

MMODE _0/1/2
1

INTERFACE FORMAT

Both Seria Ports arein Slave Mode
Output Serial Port is Master with 768xFs
Output Serial Port is Master with 512xFs
Output Serial Port is Master with 256xFs
Matched Phase Mode

Input Serial Port is Master with 768xFs
Input Serial Port is Master with 512xFs
Input Serial Port is Master with 256xFs

NN ===
Rl |o|lo|r|r|olo
RP|IO|FR|O|R|O|R|O]<

Reset Control

<Timing, functionality, power down savings, default states.>

Serial Data Ports — Data Format
The serial datainput port mode is set by the logic levels on the SMODE_IN_0/1/2 pins. The serial mode can be changed to
12S, Right Justified (RJ), 16, 20 or 24-Bits, or TDM as defined in the following table.

SMODE _IN_0..2 INTERFACE FORMAT

Left Justified

12S

Undefined

Undefined

Right Justified, 16-Bits
Right Justified, 18-Bits
Right Justified, 20-Bits
Right Justified, 24-Bits

N =l=]l=]=] L}
R|r|o|o|kr|r|lo|o]=
R|lo|lr|o|r|o|r|o]e

The serial data output port modeis set by the logic levels on the SMODE_OUT_0/1 and WLNGTH_O_0/1 pins. The serial
mode can be changed to 12S, Right Justified (RJ), 16, 20 or 24-Bits, or TDM as defined in the following table. The Right Justified
serial Data Out Mode assumes 64 SCLK_O cycles per frame, divided evenly for left and right.
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AD1896

SN;ODE ouT ‘:)"1 INTERFACE FORMAT
0 0 Left Justified (LJ)
0 1 12S
1 0 TDM Mode
1 1 Right Justified (RJ)

WLINGTH ouT 00/ 1 WORD WIDTH
0 0 24-Bits
0 1 20-Bits
1 0 18-Bits
1 1 16-Bits

The following timing diagrams, show the serial mode formats.

G NVA D I WA VA NV SV WY G VAN I WA UV WA SV W4

BCLK
g gy
AAAAA wis X X » X X LsB M8 X X ps X X Lse

I FET JUSTIEIFD MONF - 16 TO 24-RITS PFR CHANNFI

LRCLK LEFT CHANNEL RIGHT CHANNEL
r—|

)

Y-
ule z X ”

N NSNS NSNS NSNS S

12S MODE - 16 TO 24-BITS PER CHANNEL

-
LLLLLLLLLLLLLLLLLLLLLLLL
peLx \_/ﬁL/_\_/_\_/_\_/”F\_/_\_/_\_/ﬂ”_/_\_/_\_/_\_/”F\_/_\_/_\_/
. XX “
mn ” ”

RIGHT JUSTIFIED MODE - SELEC[T NUMBER OF BITS PER CHANNEL

v NN N AN N N N N N\ N

°

>

>
=

D X7 X X _iee PR ¢ XX

TDM MODF - 16 TO 24-BITS PFR CHANNFI

NOTFS: 1. TDM MODF DOFSN'T IDENTIFY CHANNFI

2. LRCLK NORMALLY OPERATES AT Fs EXCEPT FOR TDM MODE WHICH IS NxFs. WHERE N = NUMBER OF STEREO CHANNELS IN TDM CHAIN
2. BCIK FREFOUFNCY IS NORMAILLY 64xI RCIK

In TDM mode, several AD1896' s can be daisy chained together and connected to the serial input port of a SHARC DSP.
The AD1896 contains a 64-bit parallel load shift register. When the FSYNC pulse arrives, each AD1896 parallel loads its Left and
Right datainto the 64-bit shift register. The input to the shift register is connected to TDM_IN while the output is connected to
SDATA_O. By connecting the SDATA_Otothe TDM_IN of the next AD1896, alarge shift register is created which is clocked by

SCLK.
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APPLICATION INFORMATION

AD1896 DAISY CHAIN APPLICATION

_____ DRO
_[C|TDMLIN TDM_IN P TDM_IN
SDATA O SDATA_O SDATA_O
le le RFS0
LRCLK_O LRCLK_O LRCLK O [
RCLKO
SCLK O Al SCLK_O [ SCLK_O f
SLAVE n SLAVE 2 SLAVE 1
LRCLKI (Fs_in)
BCLKI
» SDOm
» SDO1
» SDO2
AD189 AD189 AD189 AD189
MASTER SLAVE1 SLAVE2 SLAVEn
| TDM_IN » TDM_IN | TDM_IN L] TDM_IN
——FSDATA_l SDATA O +— —»{SDATA_I SDATA_O +- —»{SDATA_| SDATA_O J —»{SDATA_I SDATA_O 4#—— SDOn
—p|LRCLK_| LRCLK_O GT —p|LRCLK_| LRCLK_O ¢ —p|LRCLK_I LRCLK_O #— —p|LRCLK_| LRCLK_O {#—
SCLK_| SCLK_O ja— pISCLK_| SCLK_O e »|SCLK_| SCLK_O T »{ SCLK_I SCLK_O j¢—
—» MCLK —» MCLK —» MCLK —» MCLK
—P| RESET —»| RESET —»|RESET —»| RESET
M2 M1 MO M2 M1 MO M2 M1 MO M2 M1 MO
Tt FET T T
000 10 0 100 1] 100 LRCLKO (Fs_ou)

BCLKO (64Fs_out)
- MCLK
- RESET

AD1896 - MATCHED PHASE MODE(NON-TDM MODE)

The matched phase mode is the mode discussed in the Theory of Operation section that eliminates the phase mismatch between
multiple AD1896's. The master AD1896 device transmitsits FS_ OUT/FS_IN ratio through the SDATA_O pin to the slave AD1896s
TDM_IN pins. The dlave AD1896s receive the transmitted FS_OUT/FS_IN ratio and use the transmitted FS_ OUT/FS _IN ratio instead
of itsown internally derived FS_OUT/FS [N ratio. The master device can have both its serial portsin slave mode as depicted or either
one in master mode. The slave AD1896s have to have their MMODE_2, MMODE_1 and MMODE_0 pins set to 100 respectively.
SCLK_I and SCLK_O may be asynchronous with respect to each other in this mode.
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TIMING DIAGRAMS

<Timing diagrams for SCLK and LRCLK, SDATA setup and hold times for both slave and master modes
MUTE_IN,OUT timing

RESET timing diagram

MCLK timing diagram>
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PERFORMANCE PLOTS

Examples:

<Insert plots here>

FFT: 1kHz, 5kHz, 10kHz, 20kHz, 40kHz @ OdBFS @ 48/96/192kHz
FFT : 1kHz, 5kHz, 10kHz, 20kHz, 40kHz @ -60dBFS @ 48/96/192kHz
THD+N vs Freq

THD+N vs Level

DNR vs Freq

DNR vs Level

Linearity: OdBFS to —140dBFS

Noise floor

Passband Filter Frequency Response at 48/96/192kHz

Stopband Filter Frequency Response at 48/96/192kHz

Two tone IMD

PSRR
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PACKAGE INFORMATION

0.25

HHHHHHHHHHHHHH T
(N[ s

iEEEEEEEEEREEY T[] e

RS 7

UMEUEMfMEUM_i

ﬁ -C-| SEATING PLANE

b —w— em— P ccc| C |
5 Tb0 A1
# of D Dim Min. Nom. Max
LDS Min Nom Max A 2.0
3 2.70 3.00 3.30 A 0.05
14 5.90 6.20 6.50 A2 1.65 1.75 1.85
16 5.90 620 6.60 : g'g‘; g'gg
18 6.90 7.20 7.50 E =40 =80 890
20 6.90 7.20 7.50 Ef 5.00 530 5.60
24 7.90 8.20 8.50 L 055 | 075 | 0.95
28 9.90 10.20 10.50 L1 1.25 REF
30 9.90 10.20 10.50 R1 0.09
38 12.3 12.60 12.90 a1 ge 40 89
bbb 0.15
cee 0.10
NOTES:
Title: SSOP 5.3mm - N _
. 1. Controlling Dimensions are in mm.
Package Outline, CUSTOMER 2. All Dimensions per JEDEC Standards MO-150
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