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Description

The NJU25301 is a complete low-cost 5.1 channel AC-32
decoder intended for use in Dolby Digital® consumer and
multimedia applications. The ' NJU25301 contains on-chip
firmware for decoding and processing Dolby Digital (AC-3)
bitstreams and inear PCM data. It also includes a Dolby Pro
Logic® decoder for decoding matrix surround encoded PCM data
or 2 channel Dalby Surround® encoded digital data. It is also the
industry's first Dalby certified, Class A Dolby Digital decoder IC
to include 8 separate Bass Management Configurations. All
features are implemented in on-chip memory (program ROM)
eliminating the need for external memory devices. The decoder
is controlled via a sefial host interface which includes a choice
of industry-standard I2C-Bus® or SPI bus communication
protocols. Standard digital audio data formats are supported,
including 12S, MSB-first rightjustified, and MSB-first leftjustified.

NJU25301 utilizes a 24-bit DSP architecture developed by
NJRC . The highly accurate processing of the NJU25301°
makes it suitable for applications such as AV Receivers, DVD
players, Digital Multimedia Speakers, and HDTV set-top
decoders.

Figure 1 NJU25301 Block Diagram

Features

« Complete Class A Dolby Digital Decoder
Supports 16-, 18-, 20-, or 24-bit data words
Audio sample rates: 32 kHz, 44.1 kHz, 48 kHz
Decodes up to 5.1 channel, 448 kbps Dolby Digital
bitstream
& Eight Doiby Certified Bass Management Modes
5 Dolby Configurations for Processing Doiby Digital
3 Dolby Configurations for Processing Dolby Pro Logic
& Automatic Bitstream Detection

< Small 80-pin PQFP package
‘® On-chip features:
AC-3 Decoding
Dolby Pro Logic Decoding
Surround and Center Channel Delays
Pink Noise Generator
Automatic Bass Management Mode Adjustment (upon
detection of change from 5.1 (AC-3) to Pro Logic
encoded material, or vice versa)

Figure 2 Typical Room Setup
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“Daky.” Pro Logic,” “Doly Digtal,” “AC-3," and the double-D symbal are
trademarks of Dolby Laboratories. The INUZ5301 may only be supplied 1o
kamdawmpanhsammwwoobyumw.MMnral
licensing inquiries to Doiby Laborataries, phone 415.558.0200, fax
415.863.1373. “Typical Room Setup® graphic courtesy of Dolby
Labaratories, 12C-Bus is a registered trademark of Phifips Electronics N.V.
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Preliminary Information

Figure 3 NJU25301 Pin Configuration

NJU25301
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Preliminary Information

NJU25301

Table 1 Pin Description

No. | Symbol VO | Function No. | Symbol YO | Function

1 SDO1 O | Digital audio serial data output 41 NC No connect

2 SDO0 O | Digital audio serial data output 42 |NC No connect

k] LRO O | Laft/right word clock output 43 |[NC No connect
4 BCKO O | Digital audio serial clock output 4 |NC No connect

5 VSS I | Ground 45 | NC No connect
6 vDD | | Power supply terminal: +5V 46 | VSS { | Ground

7 | GPIO3' | | Host type selact. SP! bus =L, 12C-bus = H 47 | VDD | | Power supply terminal: +5V
8 |GPio2' I Porpsenin Mode defauk powerup Sating- 14a | NC No connect

9 GPIO1 O | General purpose interface 49 |NC No connact

10 | ENEMU Test pin (tie low for normal operation) S0 |NC 1 | No connect

11 1 VSS I | Ground 51 |NC No connect

12 | vDD | | Power supply terminal: +5V 52 | Vvss Ground

13 | scusck t Z‘;k"‘” host serial clock/SP1 bus host serial |55 | ypp Power supply terminal: +5V
14 | SDA'SDOUT | 1O m‘““" data/SPibus hostserial |5, | N No connect

15 | AD1/SOIN | I’C-b.us host serial address/SP! bus host serial ss | NC No connect

data input

16 | AD¥SS I '::t”"“’”““m“s‘sp”’“’ms"'“ 56 |NC No connect

17 | VSS t | Ground 57 |NC No connect

18 | vDD | | Power supply terminal: +5V 58 {NC No connect

19 | X0 O | Crystal 59 | VSss | | Ground
20 |voo I | Power supply terminat: +5V 60 |vDD | | Power supply terminat +5V
21 I Xl | | CrystaVExternal clock input 61 NC No connect

22 | VSS | | Ground 62 |NC No connect

23 | mex o 256Fs mastar clock for A/D, D/A 83 |NC No connect

24 | ADSCK o | 32rs/6aFs option serial cloek fa(m;za) 64 |NC No connect

25 | ENEXT 1 | Test pin (tie low for normal operation) 65 |NC No connect

26 | RESET | | Reset 66 |NC No connect

27 | VSS | | Ground 67 |NC No connect

28 | vDO | | Power supply terminal: +5V 68 | NC No connect

29 |NC No connect 69 |VSS | | Ground

30 |NC No connect 70 |vDD | | Power supply terminal: +5V
31 |NC No connect 7 BCK! I | Digitat audio sarial clock input
32 |NC No connect 72 |LRI | | Leftfright frame clock input
33 |NC No connect 73 vSsSsS | | Ground

34 |vss | | Ground 74 |VvDD | | Power supply terminal: +SV
35 | vDD | | Power supply terminal: +5V 75 SDIo I | Digital audio serial data input
36 | NC No connect 76 |SDh 1 | Digital audio serial data input
37 [NC No connect 77 |NC No connact

38 |NC No connect 78 |NC No connect

39 {NC No connect 79 |SDO3 O | Digital audio serial data output
40 | NC No connect 80 | SDO2 QO | Digital audio serial data output

1. Only sensed upon power-up.

New Japan Radio Co.Ltd.




NJU25301

Preliminary Information

Functional Description

The NJU25301 is a high performance dedicated digital signal
processor designed ta decode Dolby Digital, and matrix surround
encoded (Dolby Surround) digital audio bitstreams. All decoding
algorithms are contained in preprogrammed firmware, thus
reducing time-to-market for the user. The DSP core has been
optimized for audio processing which reduces cost compared to

general-purpose DSPs.

The NJU25301 automatically detects the type of input data,
allowing it to switch between compressed Dolby Digital or linear
PCM bitstreams. No external commands are required to
recognize and decode incoming bitstreams. The Dolby Digital
bitstream contains decoding information which indicate how the
audio is processed. Through a simple and flexible command
protocol, the user can manually override certain bitstream
elements (such as compression modes) to obtain desired audio
playback characteristics.

The . NJU25301 includes two stereo digital audio inputs
[SDI0:1] and four stereo digital audio outputs [SDOQ:3], however
only three of these stereo digital audio outputs [SDO1:3] are
used for this Dolby Digital solution. Dolby digital data,
conventionally formatted as a stereo digital audio signal, can be
applied to the SDIO input while an optional stereo A/D converter
can be connected to the second input, SDI1. The digital inputs
and outputs can be configured to 16, 18, 20 or 24 bits resolution
using any of %S, left-justified or right-justified formats allowing
connection to virtually any type of audio A/D and D/A converters.

The :MJU25301 can aiso accept inputs from an IEC958
(S/PDIF) receiver. IEC358 is typically used to transfer Dolby
Digital (AC-3) data between consumer audio equipment. The
NJU25301 transfers serial audio clocking signais when receiving
digital audio data from an extemal source such as an IEC958
receiver. This default (start-up) mode of operation is referred to
as SLAVE mode as the extemal audio source establishes the
audio clock rate. The NJU25301 can also be programmed to
generate serial audio clocking signais (MASTER mode).
MASTER mode can be used to receive analog audio inputs from
an A/D converter when an extemal digital source is not chosen
or is not available.

New Japan Radio Co.L1d.

The NJU25301 serial host interface can be enabled to operate
with either 12C-bus format or SPI bus format. The NJU25301 has
a command-based instruction set simplifying microcontroller
programming. No knowledge of DSP coding is required to use
the NJU25301 . Commands include AC-3 decoder parameters,
compression modes, Pro Logic variables, channel delays, and
downmix modes. For very simple applications, NJU25301 may
be operated without a microcontroller as a 5.1 channel or 2.1
channel (downmixed) AC-3 decader. The bitstream auto-detect
feature allows proper decoding of either AC-3 or Linear PCM
audio streams without user input.

The DSP core consists of a 24-bit processor with a 48-bit
accumlator. All required memory elements, including data RAM,
program ROM, and delay RAM are included on chip. The core’s
24-bit processing allows for improved accuracy compared to 16-
bit or 20-bit cores, delivering superior signal-to-noise
performance for complex and low-level signals.

The NJU25301 is ideally suited for multi-channel home theater
applications, where high performance Dolby Digital decoding
must be performed at low cost. With an optional A/D converter
connected 1o the second input, the 'NJU25301 can perform Pro
Logic processing of analog source material.

The bass management engine alleviates the need for a system
designer to handle bass management in the analog domain. The
NJU25301 offers 8 different bass management modes, all of
which have been approved by Dolby Laboratories. This method
of bass management saves both ime and money. It simplifies
the system design, saves board real estate and shortens the
approval period taken by Dolby Laboratories upon review of the
“pre-production prototype” in a two fold method: Since bass
management is performed in the digital domain, it will result ina
much lower noise floor from the final product and since this
method of bass management is already approved by Doiby, there
is a reduced need to review post AC-3 decoding schematics.

Decoding Configurations

The WJU25301 as different decoding canfigurations that take
into consideration different speaker arrangements. This is helpful
in handling situations where the user may not desire a full 5.1
channel output with all the corresponding speakers.




Preliminary Information

NJU25301

Figure 6 5.1-channel Dolby Digital Decoding
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The default configuration for NJU25301 is 5.1-channel Dolby
Digital decoding. No extemnal components, memory elements, or
microprocessor are required for this configuration. This is
confiquration is displayed abave in Figure 6.

Figure 7 5.1-channel Dolby Digital with Dolby Surround
(L, R) Downmix
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5.1-channel AC-3 bitstreams may be downmixed to two
channels which contain Dolby Surround encoding. These outputs
¢an be used with Doiby Pro Logic receivers. This mode can also
be selected without a microcontrolier.

Figure 8 5.1-channel Dolby Digital with Stereo (Lo, Rq)
Downmix
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Low Frequency Bfects

5.1<channel bitstreams can be decoded and downmixed into
two channels for normal stereo output. The Low Frequency
Effects channel is available as an optional subwoofer output.

Figure 9 2-channel encoded bitstream decoding

2Channel AC-3

NJU25301 decades Dolby Digital sources containing from 1 to
5.1 channels. Here, the NJU25301 decodes a 2-ch AC-3
bitstream.

New Japan Radio Co. L2

Figure 10 Decoding of Dolby Surround Encoded Material
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PCM data which has Dolby Surround (Pro Logic) encoding can
be decoded and processed by NJU25301 . Surround channels
are monaural by definition.

Audio Processing Description

The NJU25301 processes audio signals received and retumed
by way of the Serial Audio Interface. Details of the audio
processing functions are shown in Figure 12. Audio processing
functions can be programmed by commands sent via the Serial
Host Interface. Most commands as described in the Command
Table change parameters of the audio processing functions.
Other commands configure the Serial Audio Interface and read
or write data at the General Purpose Input/Output (GPIO) Interface.

Figure 11 NJU25301 Functional Drawing
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MU25301 Preliminary Information

Compression Modes Overview
Custom Mode 0 (Analog) — Summary of features:

« Dialog normalization (Dialnorm) always off

« -11dB gain shift imposed when downmixing, in order to prevent peak level overioad
» Dynmg compression variable used

« Low-level boost compression (Dynscih) scaling allowed

+ High-level cut compression (Dynscll) scaling allowed

Custom Mode 0 (Analog) allows the degree of compression applied to be scaled down or defeated under any condition. The only
restriction is that when downmixing is active, an -11dB gain shift is imposed to ensure no signal overload will occur. End products
using the Custom Mode 0 (Analog) will require +11dB of selectable gain correction after the extemnal D/A converter. Under these
conditions, the final audio outputs may exhibit a higher noise fioor. In addition, dialog normalization must be accomplished in analog
circuitry extemal to the NJU25301 decoder IC. This is usually done in the master volume control, under the control of the dialnom
variable in the bitstream.

Custom Mode 1 (Digital) ~ Summary of features:

» Dialog normalization (Dialnorm) always off

+ -11dB gain shift imposed when downmixing, in order to prevent peak level overicad
» Dyng compression variable used

« Low-level boost compression {Dynscih) scaling allowed

» High-level cut compression (Dynscil) scaling allowed

Custom Mode 1 (Digital) allows the degree of compression applied to be scaled down or defeated under any condition. The only
restriction is that when downmixing is active, an -11dB gain shift is imposed to ensure no signal overioad will occur. End products
using the Custom Mode 1 (Digital) will require +11dB of selectable gain comection after the extemal D/A converter. Under hese
conditions, the final audio outputs may exhibit a higher noise floor. However, unlike Custom Mode 0 {Analog), dialog normalization is
handled intemally.

Line Mode - Summary of features:

» Dialog normalization {Dialnorm) aiways on

« Dialog is reproduced at a constant level

« Dynmg compression vaniable is used

* Low-level boost compression scaling (Dynsclh) is allowed

* High-level cut compression scaling (Dynscll) is allowed, provided no downmix is requested (downmix mode set to 111b)

One of the conditions of the Line Mode is the full high-level compression is applied whenever downmixing is active, so its effect
cannat be reduced. Below, Figure 13 depicts the signal relationships, under different conditions when the device is in Line Mode. Note
that the average program loudness remains constant, regardless of the downmix or compression settings.

Figure 13 Line Mode
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RF Mode - Summary of features:

+ Dialog nommalization is always on

» Dialog reproduced at a constant level (-20 dB FS)

+ Dynmg and compr compression variables used

* Compression scaling not alowed

¢ +11dB gain shift imposed

This mode is optimized for products generating a downmixed signal for subsequent “channel 3" RF demodulation. The overall
program level is raised 11dB, while the peaks are limited to prevent signal overload in the extenal D/A converters. By fimiting
headroom to a maximum of 20 dB above average dialog level, overmodulation of television receivers is prevented while providing an
average RF modulation level that compares well with quality television broadcasts and premium movie channels. Below, Figure 14
depicts the signal relationships, under different conditions when the device is in RF Mode. Note that the average program loudness
remains constant, regardiess of the downmix setting. Compression remains fully on at all times.

Figure 14 RF Mode

New Japan Radio Co. L2



NJU25301 Preliminary Information

Bass Management Overview

The traditional AC-3 speaker configuration consists of separate speakers for Front Left and Right, Center, Surround Left and Right,
and Subwoofer. These are usually referred to as L, R, C, SL, SR, SW respectively. This configuration is commonly refetred to as
“5.1"channels of output, rather than “six’, since the Subwoofer generally has a much lower bandwidth than the other five speakers. it
is also assumed that the other five speakers are “full-range” speakers with good response below 100 Hz. Frequencies much lower
than that are difficult for the ear to determine point-source direction, and are therefore usually placed on the “Subwoofer” (SW) channel.

In typical AC-3 systems, the “Low Frequency Effects” (LFE) goes directly to the Subwoofer. But for some systems, this may not be
the optimal configuration. Often one or more of the five main speakers is capable of truly low frequency response, reaching down into
the lowest octave of audible range. This is most often the case in systems which were upgraded from a high-quality stereo (two
speaker) system. Usually in such arrangements, the Left and Right Stereo speakers become the Front Left and Right speakers ina
muitichannel system. In such cases, it may not be necessary to have a Subwoofer, or it may be desirable to transfer the lower
frequencies to the higher-quality speakers. This function is called "Bass Management." Additionally, since many home systems were
previousty Pro Logic enabled, it is entirely plausible that not all of the speakers (especially those previously dedicated for the Pro Logic
summound information) were designed to have a full-range frequency response. From this consideration, one can easily see the value
that Bass Management adds to a Dolby Digital system.

Mode 0 (Bass Management Off)

Mode 0 is the default mode, and Bass Management is off. All the Gain Block coefficients (a0 ~ a5) =1, as does (c3). This results
in each of the audio signals passing through unchanged. This mode is recommended for systems that have full-range speakers on
each of the primary five channels, plus a Subwoofer for LFE information.

Figure 15 Bass Management Configuration Mode 0: Recommended Room Setup

Figure 16 Bass Management Configuration Mode 0: Signal Block Diagram

L No Filter L

R No Fiter| R

[ No Filte - C
SL No Filter S
SR No Fites SR
LFE J—| No FiRer lr swW
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Preliminary Information NJU25301

Bass Management Mode 1 (AC-3 Mode)

Mode 1 adds all of the five main channels to the output of the Low Frequency Effects (LFE) channel. This summation is then filtered
to allow only the low frequencies to pass, and the gain is increased by 6dB. Other than using a High-Pass filter, no other processing
is done on the main five channels. This mode is recommended for systems that have fimited low-frequency response on the primary
five channels, but have a Subwoofer.

Figure 17 Bass Management Configuration Mode 1: Recommended Room Setup

Table 2 Default Coefficient Set for Bass Management Configuration Mode 1'

Hex Decimal Hex Decimal Hex Decimal
Coeticient | e | vaive | SR | vave | vaive | MM | vaive [ vaiue

a0 TFFF 1 b0 16C2 0177 c0 XX X
al TFFF 1 b1 16C2 0177 ¢l X0tX X
a2 TFFF 1 b2 16C2 0177 2 00X X
a3 TFFF 1 b3 16C2 0177 (<] 0000 X
4 TFFF 1 bd 16C2 0.177
a5 47FA 0.562

1. “oooc indicate that the setting of these coefficients is not applicable.

1. Arrows and coefficients in gray indicate that there is no fundamental connection or have been grayed-out for illustrative

New Japan Radio Co. Lid.



NJU25301 Preliminary Information

Bass Management Mode 2 (AC-3 Mode)

Mode 2 uses the two Front output channels to augment the bass response of the Subwoofer output by adding the Center and
Surround channels to the LFE channel, low-pass filtering it, and adding the filtered response to the two Front channels. This
configuration could be used for five-speaker systems where the two front speakers are of extended bass range.

Figure 19 Bass Management Configuration Mode 2: Recommended Room Setup

L—> @% No Fer— —
R—> @ No Fted——1—- R
c—r @2 HP Fited : o— c
ss—= ®% HP Fiter sL
sa—»{ @ 3 HP Fiter SR

Table 3 Default Coefficient Set for Bass Management Configuration Mode 2'

Hex | Decimal . Hex | Decimal Hex | Decimal
Coelclent | yaive | vaiue | MM | vaiw | vaive | COM™ | vaiue | vaiue

) TFFF 1 5 0000 0 ) 2000 |0

al TFFF 1 bi 0000 0 ¢l 0000 0

2 TFFF 1 2 662 | 0477 2 00 | 0
=3 TFFF 1 ) 6C2 | 0177 a 7E | 3

! 7FFE 1 b4 16C2 | 0177

5 aFA | 0562

1. “oux” indicate that the setting of these coefficients is not applicable.

1. Amrows and coefficients in gray indicate that there is no fundamental connection or have been grayed-out for illustrative

New Japan Radio Co. Ltd
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Preliminary Information NJU25301

Bass Management Mode 3 (AC-3 Mode)

Mode 3 uses a different connection diagram than the previous three modes. In this configuration, the Center channel is high-pass
fitered and that output goes to the Center speaker. It is also low-pass filtered, and that output goes to the two Front outputs. This
configuration could be used for five-speaker systems where the two front speakers are of extended bass range, and the Center speaker
is of limited bandwidth.

Figure 21 Bass Management Configuration Mode 3: Recommended Room Setup

Figure 22 Bass Management Configuration Mode 3: Signal Block Diagram'

a-‘.
LP Filler
L—»{ ®% No Fiter L
A—> @ Na F é A
c—»{ @2 HPF ; c
st— @ No Filtes 3 > SL
SA—»1 @™ R No Fiker SR
Q" @O @™ @2
¥ ¥ "
e — @ P sw

Table 4 Default Coefficient Set for Bass Management Configuration Mode 3'

Hex Decimal Hex Decimal Hex Decimal
Coefficient | oo | vaive | M| voie | vaive | °*MR™ | vaive | Value

a0 50C2 0.631 ] X0 X o0 YOO X

al 50C2 0.631 b1 X000 X cl 00X X
a2 50C2 0.631 b2 XXXX X 2 00X 3
a3 50C2 0.631 b3 XXXX X 3 00X X
a4 50C2 0.631 b4 XXXX X

a5 50C2 0.631

1. “oocd indicate that the setting of these coefficients is not applicable.

1. Ammows and coefficients in gray indicate that there is no fundamental connection or have been grayed-out for illustrative

New Japan Radio Co. L.
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NU25301 Preliminary Information

Bass Management Mode 4 (AC-3 Mode)

Mode 4 uses a different connection diagram than Modes 1 - 3. In this configuration, the Center channel is high-pass fitered and
that output goes to the Center output. It is also low-pass filtered, and that is added to the two Front outputs. In addition, the LFE output
is summed with the two Front speakers as well as the Surround channels. This configuration could be used for five-speaker systems
where the Front and Surround speaker pairs are of extended bass range.

Figure 23 Bass Management Configuration Mode 4: Recommended Room Setup

Figure 24 Bass Management Configuration Mode 4: Signal Block Diagram'

8-4.

LP Fit
L= @% No Fiter| L
R—> @ No Fiter A
c—»1 @2 HP Fiker ¢
s— @8 No Fiker st
sA—m @ No Filee| SR

AR S |
e @O @

e — @ & LP Fiter W

Table 5 Default Coefficient Set for Bass Management Configuration Mode 4'

Hex | Decimai Hex Decimal Hex | Decimal
Coeticient | .o | vaiue | “MM | vae | vaive | ™™ | vaie | vaiue

a0 32FA 0.398 b0 XXXX X 0 X0 X

al 32FA 0.398 b1 XX X ¢t X0 X
a2 32FA 0.398 b2 XXX X 2 00X X
a3 32FA 0.398 b3 XXX X 3 XXX X
a4 32FA 0.398 bd XXXX X

a5 32FA 0.398

oo’

1. indicate that the setting of these coefficients is not applicable.

1. Arrows and coefficients in gray indicate that there is no fundamental connection or have been grayed-out for illustrative

New Japan Radio Co. L1d.
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Preliminary Information NMU25301

Bass Management Mode 5 (Pro Logic Mode)

This is the Pro Logic adaptation of Mode 1. However, there is only one Surround channel produced, and no Low Frequency Effects
output. Mode 5 synthesizes all 5.1 channels with filtering and summations. Note that while the Surround channel is high-pass filtered,
no contribution is made to the Subwoofer channel. This is due to the phasing of the signals and the reduced low-end frequency
response that this channel inherently has. it is a configuration similar to  NJRC  current Dolby Pro Logic devices.

Figure 25 Bass Management Configuration Mode 5: Recommended Room Setup

Figure 26 Bass Management Configuration Mode 5: Signal Block Diagram'

L] ®@% HP Fied—P——————> L.

r— @1 HP Fiter R

c—» @22 HP Fier - Qi c

su— ®° HP Fiter st

sA—» @ Y —3 No Fter L—s\
PP FRF VR @

re—sf @ No e sw

Table 6 Default Coefficient Set for Bass Management Configuration Mode 5!

Hex Decimal N Hex Decimal Hex Decimal
Coiclent | vaie | vaiue | O™ | vaue | vaive | %™ | yau | vaive

a0 TFFF 1 b0 16C2 0177 0 XX X

al TFFF 1 b1 16C2 0.177 cl XX X
a2 TFFF 1 b2 16C2 0477 2 000X X
a3 7FFF 1 b3 0000 0 3 000X X
ad 0000 0 b4 0000 0

a5 0000 0

1. “oood indicate that the setting of these coefficients is not applicable.

1. Arrows and coefficients in gray indicate that there is no fundamental connection or have been grayed-out for illustrative

New Japan Radio Co.Lltd
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NU25307 Preliminary Information

Bass Management Mode 7 (Pro Logic Mode)

This is the Pro Logic adaptation of Mode 2. However, there is only one Surround channei produced, and no Low Frequency Effects
output. While similar to Mode 5 or 6, this time there is Subwoofer channel contribution from the Center Channel. Mode 7 synthesizes
all 5.1 channels with filtering and summations. Note that while the Surround channel is high-pass filtered, no contribution is made to
the Subwoofer channel. This is a canfiguration for systems with a Subwoofer, and extended bass on all but the Center channel.

Figure 27 Bass Management Configuration Mode 7: Recommended Room Setup

Figure 28 Bass Management Configuration Mode 7: Signal Block Diagram’

L—> @@ No Fite——————=|_
A—> @ No Fi -D— R
c—> @22 HP F ; c
sL—s @8 HP Fiter st
sn—» @ Y No Fited] L—>sn
[Fe e e [
¢ *
e —s 8 D i sw

Table 7 Default Coefficient Set for Bass Management Configuration Mode 7'

Hex | Decimal Hex | Decimal Hex | Decimal
Coefficlert | e | vaive | “M®™ | yoie | value | “%M™ | vaie | vaiue

20 TFFF 1 %0 0000 0 ) 0000 |0
al TFFF 1 b1 0000 0 ol 0000 | 0
2 TFEF 1 b2 16C2 | 0177 2 0000 | 0
=3 IFEF 1 ) 000 |0 a 77FF |1
” 0000 0 ba 0000 0
5 0000 0

1. oo indicate that the setting of these coefficients is not applicable.

1. Arrows and coefficients in grey indicate that there is no fundamental connection or have been grey-out for illustrative

New Japan Radio Co. Ltd.
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Preliminary Information NJU25301

Bass Management Mode 8 (Pro Logic Mode)

This is the Pro Logic adaptation of Mode 10. However, there is only one Surround channel produced, and no Low Frequency Effects
output. While similar to Mode 7, this time the low frequency component is summed back into the Front outputs. Mode 8 does not
produce a Subwoofer output. Note that while the Surround channel is high-pass filtered, no contribution is made to the Subwoofer
channel. it is for systems with extended bass on the front speakers, and no Subwoofer.

Figure 29 Bass Management Configuration Mode 8: Recommended Room Setup

Figure 30 Bass Management Configuration Mode 8: Signal Block Diagram'

L— & No Fiter—&

L
A—» B No Fiter A
c—» @2 HP Fi . D c
sp—n| @3 HP Filter : SL
sA— @™ r 53 No Filbes L»sn
F & R~ Q™ [
. t ¥ .
FE—» @ LP Fiker D swW

Table 8 Default Coefficient Set for Bass Management Configuration Mode 8'

Hex | Decimal Hex Decimal Hex | Decimal
Coefficient | yaive | valve | “*M®M | vae | vaive | MM | vaue | vaive

a0 TFFE 1 20 0000 0 0 TFFF 1

al TFFF 1 ol 0000 0 ¢l TFFF 1
a2 TFFF 1 b2 4CF | 0595 2 0000 0
a3 TFFF 1 b3 0000 0 a3 0000 0
a4 0000 0 b4 0000 0

a5 0000 0

1. "ooox’ indicate that the setting of these coefficients is not applicable.

1. Arrows and coefficients in gray indicate that there is no fundamental connection or have been grayed-out for illustrative

- New Japan Radio Co., LI,
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Bass Management Mode 10 (AC-3 Mode)

This is an AC- 3 configuration. As such, there is a Low Frequency Effects output. While similar to Mode 2, this time the low frequency
component of the Center and Surround channels is summed back into the Front outputs. Mode 10 keeps the LFE separate, going
directly to the Subwooder output. This configuration is used where the Front speakers are of extended range.

Figure 31 Bass Management Configuration Mode 10: Recommended Room Setup

L—> @% No Fiter—@———————— .
b

R—>1 @ No Fiter Qi R

c—» @2 HP Fitee @ c

st—» @9 HP Fiter S

Table 9 Default Coefficient Set for Bass Management Configuration Mode 10’

Hex | Decimal Fex | Decimal | Hex | Decmal
Coeficlert | veiue | vaie | =M | voe | vaive | COMe™ | yaine | Vaue
W[ T |1 W | 00 | 0 D[ o [ x
al TFFF 1 b1 0000 0 c 00 X
2 | wF | 1 b | 4k | 0595 | 2 | wa | x
8| mF | 1 B | 4k | 055 | @ | wx | x
PR I b | 4cE | 05%
s | TwE | 1
1. “oooc” indicate that the setting of these coefficients is not appiicable.

1. Arrows and coefficients in gray indicate that there is no fundamental connection or have been grayed-out for illustrative

New Japan Radio Co. Ltd.
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NHU25301 commands

NJU25301 allows for user configuration of the decoder with microcontroller commands entered via the Host /O interface (RC-bus
or SPI bus). The following table summarizes the available user commands.

Table 10 NJU25301 Command Table
No. | Command Mnemonic Description
1. | SetTask SET_TASK_CMD Sets primary decoding mode: AC-3, Doiby Pro Logic, o Linsar PCM
2. | AC-3 Decode AC3_CMD Sets AC-3 compression and dialog normalization modes
3. | Pro Logic Decode PRO_LOGIC_CMD Sets the variables for Pro Logic decoding
4. | Bass Management Configuration | BASS_MGMT_CFG_CMD | Sets Bass Management Configuration Mode
S. | Delay Configuration DELAY_CFG_CMD Sets amount of delay in Canter channel and Summound channels
6. | Pink Noise Generator PINK_NOISE_CMD Sets variables for the noise generator (used for system setup)
7. |Pay PLAY_CMO Resumaes playing after a stop command
8. | Stop STOP_CMD Slops operation and mules the output
9. | Mue MUTE_CMD Mutes the output without interrupting inlemal operation
10. | Unmute UNMUTE_CMD Restores output after a mute command
11. | Status STAT_CMD Reads the AC-3 bitstream commands (status register)
12 | Version number VERSION_NUM_CMD Reads the version number
13. | Audio Interface AUBIOIF_CFG_CMD Configures serial audio interface format, ADSCK, divider ratios, LR & BCK Masted/Slave, eic.
14. | Set1l0 SETIO_CMD Sets and reads the device general purpase /O (GP1O) pins
15. | Input Select INPUT_SEL._CMD Selects serial audio source connected at input SDI0 or SDI1

NN25301 Command Details’

Command 1: Set Task
No. | Mnemonic OpCode + | Bytes Written | Bytes Read
1. | SET_TASK_CMD 0xCo 6 0

Set Task Command Details

The Set Task command controls the decoder’s main operating characteristics. These are: Decode Mode (AC-3 or Linear PCM), Pro
Logic decading (ON/OFF), LFE (ON/OFF), Downmix Mode, PCM Scale Factor and Maximum Frame Repeat Before Muting.

Table 11 Set Task Parameters

Bit7

| Bt6 | BRrs

Bit4 Bit3 | Bk2 | Bt [ Bro

Decoding Mode

Reserved

Pro Logic

Reserved

Downmix Mode

FE_ |

PCM Scale Factor (Upper Byts)

PCM Scale Factor (Lower Byte)

Maximum Frame Repeat Before Muting (Uppar Byte)

O(JI&‘JN—“'g

Maximum Frame Repeat Before Muting (Lower Byte)

1. Reset state default values are indicated by asterisks (*) or by text (default) in the command descriptions. htalicized text refers
to variables in the AC-3 bitstream.

New Japan Radio Co. Lid
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Parameter 1. Decoding Mode (Byte 1: Bits 7, 6, 5)

Sets the primary decoding mode.
Table 12 Set Task: Decoding Mode
Value | Description
000 | AC-3 Decode (Test Only)
001 Reserved

010 Linear PCM Mode (Test Only)

011 Pink Noise Generator

100 | Reserved (silancs)

101 Reserved (silencs)

110 | Reserved (silencs)

111" | Automatic Stream Detection®!

1. Automatic Stream Detection mode enables AC-3 decoding if an AC-3 input
stream is detected, otherwise processes input as a Linear PCM stream.

Parameter 2. Pro Logic (Byte 1: Bit 4)

A value of 1 enables the Pro Logic decoder when the input is either PCM, or 2channel Surround encoded AC-3. A value of 0
(default) disables the function.

Parameter 3. Low Frequency Effects (Byte 2: Bit 3)

A value of 1 (default) enables Dolby Digital LFE processing (subwoafer channel), while a value of 0 disables LFE processing. (it
should be noted that only when an AC-3 encoded stream contains LFE information will audio be produced out of the subwoofer).
Parameter 4. Downmix Mode (Byte 2: Bits 2, 1, 0)

These bits are used to specify the output channel configurations for AC-3 decoding.

Table 13 Set Task: Downmix Mode
Value Daawon_
000 | 1+ (Dual Mono Mods) Lo Ro (Stereo)
001 | 1/0(1 Front, 0 Rear) c
010" | 20 {2 Front, 0 Rear) Ly, Ry (Matrixed Summound)*’
011 | 30 (3 Front, 0 Rear) LC.R
100 | 2/1 (2 Front, 1 Rear) L, R, S (Mono Surmound)
101 | 31 (3 Front, 1 Rear) L. C, R, S (Mono Sumound)
110 | 222(2 Front, 2 Rear) LR, SL SR
1112 [ %2(3 Front, 2 Rear) L.C.R S SR*

1. Default it GPIO2=HIGH state during reset sequence.
2. Default if GPI02=LOW state during reset sequence.

Parameter 5. PCM Scale Factor (Bytes 3, 4)

The PCM scale factor allows for volume control of ail output channels. Byte 3 is the upper byte and byte 4 is the lower byte of the
16-bit scale muitiplier. This muttiplier is a two's complement fraction between zero 0x0000 and Ox7FFF (2'® -1). Multiplier values from
0x8000 to OxFFFF are not used. Default parameter is 0x7FFF (0dB).

WNew Japan Radio Co. Lid.
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Parameter 6. Maximum Frame Repeat (Bytes 85, 6)

Byte 5 is the high byte and byte 6 is the low byte for the frame repeat function. In case of CRC ermor or an invalid bitstream, this
command will allow the decoder to repeat the last valid frame until a new valid frame is received. The 16-bit control word indicates
the maximum number of frames which will be repeated before the output will be muted. Default is 0x0000 (no repeat).

Command 2: AC-3 Decode
No._| Mnemonic OpCode + | Bytes Written | Bytes Read
2 | AC3.CMD 0xC1 5 0
AC-3 Decode Command Details

These parameters are used to control specific aspects of the AC-3 decoding engine. These are: Dynamic Range Boost Factor
{Dynscih), Dynamic Range Cut Factor (Dynscl), Compression Mode (Compmod) and Dual Mode (Duaimode).

Table 14 AC-3 Decode Parameters

Br7 | Br6 | BRS [ Brta [ B3 | Br2 | BR1 | BRrO
Dynscih (Upper Byte)
Dynscth {Lower Byte)
Dynscll (Upper Byte)
Dynscll (Lower Byte)
Reserved | Compmod | Dualmode

| o feafro| <[ F

Parameter 1. Dynamic Range Boost Factor (Dynscih) (Bytes 1, 2)

Byte 1 is the high byte and byte 2 is the low byte for dynamic range boost scale factor. The scale factor is a two’s complement
fraction between zero 0x0000 and Ox7FFF (2'S -1) which is used to scale the dynamic range. Parameter values from 0x8000 to OxFFFF
are not allowed. Default parameter is 0x0000. A value of zero disables dynamic range boost.

Parameter 2. Dynamic Range Cut Factor (Dynscll) (Bytes 3, 4)

Byte 3 is the high byte and byte 4 is the low byte for dynamic range cut scale factor. The parameter is a two's complement fraction
between zero 0x0000 and Ox7FFF (25 -1). Parameter values from 0x8000 to OxFFFF are not allowed. Default parameter is 0x0000.
A value of zero disables dynamic range cut.

Parameter 3. Compression Modes (Compmod) (Byte 5: Bits 3, 2)

Table 15 AC-3 Decode: Compression Modes

Value | Description

00 Custom Mode {Analog)'
01 Custom Mode (Digital)!
10° | Line Mode*
1 RF Mode

1. Both Custom Modes, Analog and Digital, defeat some or ail of the features of
the Line and RF Modes, thus shifting the burden to the product designer for
implementation eisewhere in the audio path. If the Custom Modes are used, dia-
log nommalization, dynamic compression, and downmixing functions must be
accomplished extemal to the decoder IC.

New Japan Radio Co.Lid.
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Parameter 4. Dual Mode (Dualmode) (Byte Bits 1, 0)

Table 16 AC-3 Decode: Dual Mode
Value | Description
00" | !Independent Channeis”
01 Left Channel Copied to Both Lekt and Right Channels
10 Right Channel Copied to Both Left and Right Channels
11 inputs Scaled by -608, Summed, and Sent 1o Both Channels

Command 3: Pro Logic Decode
No. [Mnemonic OpCode + | Bytes Written | Bytes Read
3. | PRO_LOGIC_CMD 0xC4 1 0

Pro Logic Decode Command Details

This command configures variables for Pro Logic decoding such as: setting the decoding coefficients to match the audio sampling
rate, Wide Surround (ON/OFF), Auto Balance (ON/OFF), Sterec 3 (ON/OFF), and Phantom Center (ON/OFF).

Table 17 Pro Logic Decode Parameters
Byte git7 | Bit6 Bits | Bitd Bit3 Bit2 Bit1 ___Bio
1 Reserved Sample Rate Wide Surmound | Auto Balance Stereo 3 Phantom Cemer

Parameter 1. Sample Rate (Samprate) (Byte 1: Bits 5, 4)

Sets Pro Logic decoding coefficients to match the system audio sample rate. Note: This command does not cause or determine the
sampling rate at the serial audio interface.

Table 18 Pro Logic Decode: Sample Rate

Value | Description
00" | Sample Rate = 48 kHz*
01 Sample Rate = 44.1 kHz
10 Sample Aate = 32 kHz
1 Sample Rate = 22.05 kHz

Parameter 2. Wide Surround (Byte 1: Bit 3)
A value of 0 (default) applies a 7 kHz low pass filter and a Dolby B naise reduction on the surround channel. A value of 1 allows

for the surround channel to have full audio bandwidth.

Parameter 3. Auto Balance (Byte 1: Bit 2)
A value of 1 enables auto balance, while a value of 0 (default) disables the function.

Parameter 4. Stereo 3 (Byte 1: Bit 1)
A value of 1 enables the surround channel, while a value of 0 (default) disables the surround channel.

Parameter 5. Phantom Center (Byte 1: Bit 0)

A value of 1 disables the center speaker, mixing the left and right to create a phantom center channel, while a value of 0 (defauit)
enables the center channel.

New Japan Radio Co. Ltd.
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Lommand 4: Bass Management Configuration

No. | Mnemonic OpCode + | Bytes Written | Bytes Read
4. | BASS_MGMT_CFG_CMD oxC5 1 0

Bass Management Configuration Command Details

This command sets the Bass Management Configuration. Byte 1, Bits 3-0 set which mode the NJU25301 will be set to. Mode 0
disables Bass Management altogether.

Table 19 Bass Management Configuration Parameters’

Byte Bit7 Bit6 Bit5 Bit4 Bt3 | Bt2 | Bkt [ Bio

1 0 0 0 0 Bass Management Configuration Mode
1. Byie 2, bits 7-4 must be set to zero.

Table 20 Bass Management Configuration Modes

Vaiue' | Configuration | Mode Legai Only When Processing... | Configuration Description
0000 | Mode 0° Either Class of Sream Bass Management Disabled”
2 § Bass from all § channels is redirected to the Subwooter. This is in
0001 | Mods f AC-3 Discrats Channel Stream adition 1o the LFE information the Subwooer is already receiving.
Bass from Center and Surround channels is redirected to the Left and
" Right channeis and Subwoofer. For the Left and Right channels, this is
0010 (Mode2® | AG3 Diacrets Channel Sirsam additional bass. For the Subwoofer, this is in addition to the LFE
information.
Bass from the Canter channel is redirected {0 the Left and Right
0011 | Mode 3 AC-3 Discrete Channel Stream channels. For the Laft and Right channels, this is additional bass. The
Subwoofer only receives LFE information.
" Bass from Center channel and all LFE information is redirected to the
0100 |Moded | AC-3 Discrete Cannel Stream Front and Surround channels. No information is sent o the Subwooer.
0101 | Mode 5 Pro Logic Encoded St mm.ﬁgnmquammmmmwnm
0111 | Mode 7 Pro Logic Encoded Stream Bass from Center channel is redirected to the Subwoofer.
5 Bass from Center channel is redirected to Left and Right channels. No
1000 [Mode8 | ProLogic Encoded Stream information is sent 10 the Subwoofer.
" Discrete Ct . St Bass from Center and Surround channels is redirected o Left and Right
1010 o AC3 channels. Only LFE information is sent to the Subwoofer.

1. Al other values than thosa listed here are invalid.

2. Applies only when NJU25301 is processing an AC-3 discrete channel stream only. Should the NJU25301 be sent a Pro Logic encoded
stream, it will automatically switch to Mode 5. Vice Versa scenario applies.

3. Appiies onty when NJU25301is processing an AC-3 discrete channel stream only. Should the NJU25301 be sent a Pro Logic encoded
mﬂmﬁm«mﬂymlouode7 Vice Versa scenario applies.

4 Appﬁes only when NJU25301 is processing an AC-3 discrete channel stream only. Should the NJU25301 be sent a Pro Logic encoded
will automatically switch to Mode 8. Vice Versa scenario applies.

C { 5: Del. Conti i
No. W OpCode + | Bytes Written | Bytes Read
5. | DELAY_CFG_CMD 0xC6 4 0

Delay Configuration Command Details

Delay Configuration sets the time delay applied to surround channels and center channel when AC-3 or Pro Logic decoding is active.
Center and surround delays are expressed as 16-bit wards that represent delay as a number of audio sample periods. Thus the delay
time is a function of the audio sampling rate: Defay(mS)= DELAY/Audio Sample Rate(kHz).

WNew Japan Radio Co.,L1d.
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Maximum allowed delay settings for AC-3 decoding and delay time at 48kHz sample rate:
Center: DELAY=0x00EF(max)/48 kHz = 5mS
Surround: DELAY=0x02CF(max)/48 kHz = 15mS

Maximum allowed delays for Dolby ProLogic decoding at 48kHz sample rate:
Center: DELAY=0x00EF({max)/48 kHz = 5mS
Sutround: DELAY=0x059F(max)/48 kHz = 30mS

Table 21 Delay Configuration Parameters'

man7|aus|ans[mu[an3|slz[st11no
1
2
3
4

Surmound Detay (Upper Byte)
Surround Delay (Lower Byte)
Center Detay (Upper Byte)
Center Delay (Lower Byte)
1. &MMWWBON(OM).C&MDWGMIWBONS(W).

No. | Mnemonic OpCode + | Bytes Written | Bytes Read
6._| PINK_NOISE_CMD ®C7 3 0

Pink Noise Generator Command Details
This command sets the global variables for the pink noise generator function.
Table 22 Pink Noise Generator Parameters'

Byte Bit7 B § BRS B4 Bit3 BRt2 Bit 1 Bit0
1 Reserved | Sequence Left Right Conter | Lek Sumound | Right suround | Subwoofer
2 Noise Scale Factor (Uppec Byte)
3 Noise Scale Factor (Lower Byls)
1. AlB‘lsinBymmmﬂyeﬁmﬂ"mhmmms&tmmmdgnﬁmwhmmmmdmtﬂis

01000000b.

A value of 1 in bits 6:0 enables pink noise for the selected channel. Bit 6 (sequence) automatically sequences noise as L, CR,SL
SR, in two second intervals. The Noise Scale Factor (bytes 2 and 3) is a 16-bit word which controls noise amplitude. Scale factor is
a two's complement fraction between zero 0x0000 and Ox7FFF (2'5 -1). Values from 0x8000 to OxFFFF are not used. Defauit
parameter is 0x7FFF (0dB).

Command 7: Play
No. | Mnemonic OpCode + | Bytes Written | Bytes Read
7. | PLAY_CMD 0xC9 0 0
Play Command Details

The Play command resumes operation of the selected function and restores the output after a Stop command. Play and Stop
commands do not apply to Noise Generator.
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Command 8: Stop

No. | Mnemonic OpCode + | Bytes Written | Bytes Reed
8. | STOP_CMD OxCA 0 0
Stop Command Details

The Stop command stops operation of the selected function and mutes the output. New data is ignored until a new Play command
is sent. Play and Stop commands do not apply to Noise Generator.

Command 9: Mute
No. | Mnemonic OpCode + | Bytes Written | Bytes Reed
9. | MUTE_CMD 0xCB 0 0

Mute Command Details

The Mute command mutes the output without interrupting the selected function. Mute and Unmute commands do not apply to Noise
Generator.

Command 10: Unmute
No. | Mnemonic OpCode + | Bytes Written | Bytes Read
10. | UNMUTE_CMD 0xCC 0 0

Unmute Command Details

The Unmute command restores the output while continuing the selected function. Mute and Unmute commands do not apply to
Noise Generator.

New Japan Radio Co. Lt
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Command 11: Status
Mnemonic OpCode + [ Bytes Written | Bytes Read
11. | STAT_CMD 0xCD 0 11
Status Command Details
The Status command retums for 11 words of the status register to the haost.
Table 23 Status Parameters
Byte Btz | BRE Bits | B4 | BR3 Bt2 | Br1 | BRo
1 run_stat {run status) out_stat {AC-3 decods status) in_stat (AC-3 frame information status)
2 fscod (sample rate) frmsizcod (input data rate in kilobits per second)
3 Resarved | tfeon acmod (coding configuration)
4 bsid (bitstream identification number of five bits) bsmod (bitstream mode)
5 cmixlev (center mix level) | smixiev (surround mix level) | dsurmod (Dolby sumound) | copyrightb’ | onigbs?
6 Reserved dialnom (dialogue normalization for channel 2 in dual mono mode)
7 Reserved dialnom (dialogue nonmalization value for nonmal operation)
8 langod? (language code for channel 2 in dual mano mode)
9 langod ({language code for normal operation)
10 audprodie2’ | roomtyp2 (room type)* mixievel2 (mix level for channel 2)*
1 audprodie® roomtyp® Midevel (mix level)*
1. copyrightd = copyright information
2 onigbs = original bitstream information
3. audprodie2 = production information in dual mono operation mode
4. midevel2, roomtyp2 = mix level and room type in dual mono operation mode
5. audprodie = production information in nommal operation mode
6. mixievel, roomtyp = mix level and room type in nonmal operation mode
C / 12 Versi Numt
No. | Mnemonic OpCode + | Bytes Written | Bytes Read
12 | VERSION_NUM_CMD OxCE 0 4

Version Number Command Details
The Version Number command retums four bytes representing version of the ROM-encoded firmware.
Table 24 Status Parameters

Byte | Bit7 | Br6 | BiS | Bra | Br3 | B2 | Bit1 | Bro
1
2
3
4

Firmware Version [31:24]

Firmware Version [23:16]
Firmware Version [15:8]
Firmware Version (7:0)

New Japan Radio Co. L2d.
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No, | Mnemonic OpCode + | Bytes Written | Bytes Read

13. | AUDIO_CFG_CMD

O0xCF 9 0

Serial Audio Interface Configuration Command Details

The Serial Audio Interface Configuration command sets serial audio format and clock configurations. The command also set divide
ratios for BCK clock outputs, Serial Audio Word Size, Audio Format, Clocks per Frame, Intemal Bit Clock Divider and MASTER/SLAVE

mode.

Table 25 Serial Audio Interface Configuration Parameters!

Byte Bit7 Bkt 6 Bit5 Bitd Bit3 Bit2 Bit1 Bit0
1 0 0 0 0 0 0 0 0
2 [} 1 ADSCK? 1 0 1 0 0
3 1 0 0 0 0 0 0 0
4 0 1 1 1 0 1 0 0
5 0 1 [} 0 Serial Audio Wond Size? Audo Format*
6 Audio Format* | ClocisFrame® 0 intemal Bit Clock Divider® (BCKO) MASTER’ 0
7 0 0 0 0 0 0 0 0
8 0 0 MASTER’ [} 0 MASTER’ 0 [}
9 1 1 1 0 0 0 1 0

—

>

All fixed bits must be set by the host microcontrolier for proper operation.

Divide ratios for ADSCK are set hera. When ADSCK is set HIGH, the system clock rate provided at X1 is divided by 64 and output on the
ADSCK pin, giving 64Fs. When ADSCK is set LOW (default), the output is the system clock divided by 128, giving 32Fs. This signal is
usually used for clocking a syster micracontroller, bt can drive ADs and DVAs. BCKO is the signal that is normaly connecied to ADs and DiAs.
The Serial Audio Word Size is set here. Bit 3 is the MSB and Bit 1 is the LSB. Sat the word size to either: 000 = 16-bits, 001 = 18-bils,
010 = 20-bits, or 011 = 24-bits (default).

The Serial Audio Data Format is set here. Byte 5, Bit 0 is the MSB. Byte 6, Bit 7 is the LSB. Hence, 00 = MSB-First Right-Justified Format,
01 = MSB-First Left-Justifisd Format, 10 = 1S Format (default).

Setting Clocks/Frame to HIGH {default) sets the device to expect 64 clocks per LR Frame. Setting ClocksFrame io LOW set the device
to set expect 32 clocks per LR Frame.

The divide ratio for the intemal bit clock is set here. If the device is in MASTER mode, then this parameter needs to be set to 001 so that
the 256Fs source is divided by 4, giving a 64Fs bit clock. If the device is in SLAVE mods, the clock source is BCK], hence the parameter
should be set to 000 (divide ratio of 1). In aither case, this signal is output on BCKO. ADSCK and BCKO are independent of each other.
Must be set HIGH if in the 25301 s to operate in MASTER mode or set LOW if in SLAVE mode (default). This determines the
generator source for the LRO and BCK pins.

MCK and BCK pins deiiver constant frequency clocks generated by dividing the DSP clock at input pin XI. MCK is intended to provide
system clock for A/D and D/A converters when NJU25301 operates as the MASTER serial audio clock source. Both MCK and ADSCK
hait when RESET input is LOW.

Table 26 Typical Serial Audio Data Format, ADSCK, Clocks/Frame, and Master/Slave conﬁgurations1

Serial Audio Data Format Word Size ADSCK | Clocks/Frame | LR & BCKin SLAVE Mode LR & BCK in MASTER Mode
PS 16-bit 32Fs 32 0054807441000000E2 | 0054807441060024 E2
Left-Justified 16-bit 2Fs 32 0054807440800000E2 | 0054 807440860024 E2
Right-Justified 16-bit XFs 32 0054807440000000E2 | 0054 8074 40 06 0024 E2
s 18-bit 64Fs 64 0074807443400000E2 | 0074807443460024 E2
Left-Justified 18-bit 64Fs 64 0074807442C00000E2 | 0074 80 74 42 C5 00 24 E2
Right-Justified 18-bit 64Fs 64 0074807442400000E2 | 00748074 42460024 E2
s 24-bit 64Fs 64 0074807447400000E2 |0074807447460024 E2
Left-Justified 24-bit 64Fs 64 0074807446 CO0000 E2 | 00748074 46 C6 0024 E2
Right-Justified 24-bit 64Fs 64 0074807446400000E2 | 0074807446 460024 E2

1. The entire serial audio interface configuration sequencs of bytes is listed under the cormesponding SLAVE or MASTER Clock Mode columns.

It is assumed that the Intemal Bit Clock divider is set to 4 when in MASTER Mode and 1 when in SLAVE Mode

New Japan Radio Co.Lltd
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Command 14: Set /O
No. | Mnemonic OpCode + | Bytes Written | Bytss Read
14, | SETIO_CMD D1 1 1

Set /O Command Details

This command is used to read and write the device four general purpose /O pins, GPIO3-GPIO0 (pins 10, 9, 8, and 7). The upper
four bits [7:4] set the direction of GPIO3-GPIO0, where 0 = Input and 1 = Output. The lower four bits [3:0] are either data bits for
GP103-GPIOO or status bits, depending on whether the user is writing or reading to the GP!IO registers.

Table 27 Set VO Write Byte Parameters
Byte 87 BRG Bt 5 Bit4 Bit3 BR2 B8R 1 B0
1 GPIO3V0 | GPIO2VO0 | GPIO1 /O | GPIODUO | GPIO3Data | GPIO2Data | GPIO1 Data | GPIOO Data
Tabie 28 Set VO Read Byte Parameters
Byte _Bit7 BR6 Bit5 Bitd Bit3 _er2 BR1 Br0 |
1 GPIO3U0 | GPI0ZI0 | GPIO1UO | GPIOOUO | GPIO3 Stalus | GPIO2 Slatus | GPIO1 Stakus | GPIO0 Stas
Command 15: Input Select
No. [ Mnemonic OpCode + | Bytes Written | Bytes Read
15. | INPUT_SEL_CMD 0xD7 1 0
Input Select Command Details

This command selects input terminal SDI0 (pin 75) or SDI1 (pin 76) as the active serial data input for decoding. Input SDIO accepts
either AC-3 or PCM data. Input SDI1 accepts only PCM data.

Table 29 Input Select Parameters'

Byte Bit7 Bité Bit§ Bitd4 Bit3 Bit2 BR 1 Bit 0
1 X X X X X X X SO

1. X =Don Care.
2. When SDl is set LOW, SDI0 is the active input. When SDIO is set HIGH, SDI1 is the active input.
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Serial Audio Interface

The serial audio interface carries audio data, both encoded and decoded, to and from the NJU25301 . Industry standard serial data
formats of 12S, MSB-first left-justified or MSB-first right-justified are supported. These serial audio formats define a pair of digital audio
signals (stereo audio) on each data line. Two clock lines, BCK (bit clock) and LR (left/right word clock) estabiish timing for serial data
transfers. More than one data fine can be associated with a pair of BCK and LR clock lines.

The NJU25301 serial audio interface includes two data input fines; SDIO and SDI1 and three data output lines, SDO1, SDO2, SDC3
as shown in the figure below. Primary data input SDIO accepts encoded AC-3 (Dolby Digital data) or stereo linear PCM (pulse-coded
modulation) data. Auxiliary data input SDI1 accepts only stereo linear PCM data. Data outputs SDO1, SD02, and SDO3 deliver up to
six channels of audio output data to external D/A converters.

NJU25301" has a pair of left/right clock fines (LRI and LRO) and a pair of bit clock lines (BCKI and BCKO). Normally, data transfer
on all five serial data inputs and outputs are timed relative to serial clock outputs BCKO and LRO. Clock inputs BCKI and LRI are
used to accept timing signals from an extemal device when the NJU25301 is operating in SLAVE clock mode.

System clock output, MCK, is provided for defta-sigma A/D and D/A converters when NJUZS301 operates in MASTER mode.
ADSCK is not usually connected to A/Ds or D/As, but can may be required for older A/Ds and D/As. The ADSCK is normally used
to drive the system-clock for the host microcontroller. At 32Fs it provides approximately a 3MHz clock.

Figure 33 NJU25301 Pinout for Serial Audio Interface

SDO1 f—me= PCML.R
o [ AC2PCH LR —»! 500 Sor
Deta S002 [~ PCMC, SW | Datn
Ipuis #CM LR —] SOt ¥
5000 |—o= PoMLS, RS
NJU25301
Clock Clock
oum | e LA LRO [——b- | Outpts

MCK [——e= System dock for
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Serial Audio Data Formats

The MJU25301 can exchange data using any of three industry-standard digital audio data formats: IS, Left-justified, or Right-
justified. Bit order is MSB-first, LSB-last for all formats.

The three serial formats differ primarily in the placement of the audio data word relative to the LR clock. Left-justified format places
the most-significant data bit (MSB) as the first bit after an LR transition. 12S format places the most-significant data bit (MSB) as the
second bit after an LR transition (one bit delay relative to left-justified format). Right-justified format places the least-significant data
bit (LSB) as the last bit before an LR transition.

Clock LR (LRI, LRO) marks data word boundaries and clock BCK (BCKI, BCKO) clocks the transfer of serial data bits. One period
of LR defines a complete stereo audio sample and thus the rate of LR equals the audio sample rate (Fs). All formats transmit the
stereo sample left channel first. Note that polarity of LR is opposite in I2S format (LR:LOW = Left channel data) compared to Left-
Justified or Right-Justified formats.

BCK is the serial data bit clock. Transmitting devices always change data on the falling edge of BCK while receiving devices accept
data on the rising edge of BCK. The number of BCK cycles must equal or exceed the number of data bits in the stereo audio sample.
Extra BCK clock cycles that exceed the number of data bits are ignored. For older A/Ds and D/As, sometimes a 32Fs or 64Fs clock
is required. The various serial audio word sizes and formats, in combination with ADSCK settings of 64Fs and 32Fs, are shown in the
figures on the following pages. 64Fs is a commonly chosen rate for ADSCK when handling serial audio data over 16-bits.

Since right-justified format justifies data at the least-significant data bit the position of most-significant data bit will shift with data
word length. Word length configuration of senders and receivers must therefore match when using right-justified mode or data will not
transfer comectly. By contrast, 1S and left{ustified formats justify data at the most-significant bit (MSB). Configuring senders and
receivers with different word lengths will limit data size to the minimum of the two word length settings but will not otherwise cause
data transmission errors. Example: Connect both an 18-bit and a 24-bit D/A converter to the NJU25301 using 1S tormat. Configure
the NJU25301 to 24-bit word length. The 18-bit D/A converter will ignore the six least-significant bits and operate correctly at 18-bit
resolution.

New Japan Radio Co. LEd.
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Serial Audio Data Functional Timing Diagrams

Figure 34 Left-Justified Data Format, ADSCK = 64 Fs, 24-bit Data
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Figure 35 Right-Justified Data Format, ADSCK = 64 Fs, 24-bit Data
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Figure 36 I2S Data Format, ADSCK 64 Fs, 24-bit Data
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Figure 37 Left-Justified Data Format, ADSCK = 64 Fs, 20-bit Data
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Figure 38 Right-Justified Data Format, ADSCK = 64 Fs, 20-bit Data
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Figure 39 12S Data Format, ADSCK 64 Fs, 20-bit Data
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Figure 40 Left-Justified Data Format, ADSCK = 64 Fs, 18-bit Data
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Serial Audio Data Functional Timing Diagrams (continued)

Figure 41 Right-Justified Data Format, ADSCK = 64 Fs, 18-bit Data
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Figure 42 12S Data Format, ADSCK = 64 Fs, 18-bit Data
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Figure 43 Left-Justified Data Format, ADSCK = 32 Fs, 16-bit Data
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Figure 44 Right~Justified Data Format, ADSCK = 32 Fs, 16-bit Data
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Figure 45 12S Data Format, ADSCK = 32 Fs, 16-bit Data
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NJU25301

Preliminary Information

Serial Audio Clocks

Three types of clock signals are included in the serial audio interface. Two of the clock signals LR (LRI and LRO) and 8CK (BCKI
and BCKO) establish data transfer on the serial data lines as described in the previous section. A third clack, MCK, is not associated
with serial data transfer but is required by deita-sigma A/D and D/A converters. In older A/Ds and D/As, an additional clock of 32Fs
or 64Fs is required. This is what ADSCK can be used for.

The frequency of the LR clock is, by definition, equal to the digital audio sample rate, Fs. BCK and MCK operate at multiples of the
LR clock rate. Therefore the signals LR, BCK and MCK must be locked, that is, they must be generated or derived from a single

frequency reference.

The LR dlock frequency also establishes the rate that the NJU25301 digital signal processor processes audio samples. Some digital
audio processes of NJU25301 have time constants or frequency response that are a function of the audio sample period (1/Fs). In
order to maintain constant time and frequency response for different audio sample rates information about the current sample rate
must be sent fo the NJU25301 by a host /O interface command (see PRO_LOGIC_CMD; sample rate command).

Systemn Master Clock Source

Audio data samples must be transferred in synchronism between all components of the digital audio system. That is, for each audio
sample originated by an audic source there must be one and only one audio sample processed by the NJU25301 and delivered to
the D/A converters'. To accomplish this, one device in the system is selected to generate the audic sample rate; the remaining devices
are designated to follow this sample rate. The device that generates the audio sample rate is called the MASTER device; all devices
following this sample rate are called SLAVE(s).

Table 30 Typical Serial Audio Clock Frequencies and their corresponding BCK and MCK Rates'

Clock Signai Typical Multiples 32 kiz 4.1 kiZ 48 kiz
LR 1Fs (by definition) 32 kHz 44.1 kHz 48 kHz
BCK 84Fs 2.048 MHz 2.822 MHz 3.072 MHz
MCK 256Fs 8.192 MHz 11.289 MHz 12.288 MHz

1. Some common audio sample rales and data types are: 44.1 kHz - Music (PCM) on Compact Disk {CD); 48 kHz - Dolby Digital (AC-3) on

Laserdiscs and DVDs.

Figure 46 Master/Slave Configuration
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to transfer at the same rate as the audio sample rate.
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NJU25301 Master/Slave Mode System Examples

System Example 1
A digital audio source supplies Dolby Digital or PCM data to the NJU25301 decoding system. The digital audio source is the clock

MASTER and delivers LR and BCK clock signals to the NJu25301 processor (SLAVE), which in tum passes these same clocks to
the A/D and D/A converters (also SLAVES). Al serial audio data transfers (not shown in drawing) are timed by these LR and BCK

dlocks. System clock MCK, also generated by the digital audio source, is delivered only to the A/D and D/A converters.

Figure 47 System Example 1
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System Example 2

Similar to Example 1, except a S/PDIF receiver receives data from the digital audio source in S/PDIF format. S/PDIF is commonly
used to transport digital audio data from a source such as a DVD piayer or CD player to a decoder such as an AV Receiver. The
S/PDIF receiver is a SLAVE device since it regenerates LR, BCK, and MCK signals from the clock reference in the Digital Audio

Source (MASTER).
Figure 48 System Example 2
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System Example 3

When the digital audio source is not running or is disconnected, the master clock must be supplied from another source. NJU25301
can be enabled to operate as a clock MASTER by sending a command over the Serial Host interface. Switch S1 is |mp|emented in
hardware to supply MCK signals for the A/D and D/A converters. S1 connects to the |NJU25301 MCK output when NJ1125301 isin

MASTER mode and connects to the other MASTER device supplying MCK when NJU25301 is in SLAVE mode.
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Figure 49 System Example 3
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The table below shows the MU25301  clock modes permissible with system exampie three above.
Table 31 Available NJU25301 Clock Modes vs. Audio Functions and Digital Input Stream

Digital Audlo Source Stream Present?
NJU25301 Audio Function Yes No
Input from Digital Audio Source (AC-3 or PCM) SLAVE NA
input from Local A/D Converter (PCM) SLAVE or MASTER MASTER
Generate Pink Noise SLAVE or MASTER MASTER

System Example 4

Ancther way to supply MASTER clock when digital audio source is disconnected is to use a S/PDIF receiver with MASTER or SLAVE
capability. This S/PDIF receiver automatically switches to become a clock MASTER when a valid S/PDIF input is not detected. LR,
BCK and MCK clocks are generated from crystal Y1 when S/PDIF receiver is in MASTER mode and from the digital audio source
when S/PDIF receiver is in SLAVE mode.

Figure 50 System Example 4
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Note that in system example four the |NJU25301 operates solely in SLAVE mode. The NJU25301 must always be set to SLAVE
clock mode to receive inputs originating from the independently-clocked digital audio source. The NJU25301 may also operate in
SLAVE mode to receive input from the A/D converter or to generate pink noise but only if a valid signal from the digital audio source
is present to provide clocks. MASTER mode can always be used for A/D converter inputs or pink noise regardless of the digital audio
source. The NJU25301 audio interface inctudes two sets of data timing signais: BCKI, LRI which are inputs and BCKO, LRO which
are outputs. In SLAVE mode the BCKI, LRI inputs accept timing signals and transfer these signals to BCKO, LRO outputs. In MASTER
mode the NJU25301 generates signals for BCKO and LRO outputs by dividing the clock connected at pin XI. Signals at inputs BCKI
and LRI are ignored.

The standard application configuration is to connect the clock from an extemal data source to inputs BCKI and LRI and to connect
all SLAVE devices requiring clocks to outputs BCKO and LRO. The NJU25301 can be configured in MASTER or SLAVE configurations
by sending commands to the NJU25301 Host 1/0.The table below shows the NJ2530t clock modes permissible with system
example three above (note that in system exampie four the NJU25301 operates solely in SLAVE mode). The NJU25301 must always
be set to SLAVE clock mode to receive inputs originating from the independently-clocked digital audio source. NJU25301 may also
operate in SLAVE mode to receive input from the A/D converter or to generate pink noise but only if a valid signal from the digital
audio source is present to provide clocks. MASTER mode can always be used for A/D converter inputs or pink noise regardless of

the digital audio source.

New Japan Radio Co. Ltd
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Design Example with S/PDIF

Following is an example of a typical system where the NJU25301 accepts S/PDIF (AES/EBU) digital format input and delivers from
two to six analog outputs. An optional stereo analog input can be selected in place of the S/PDIF input.

Figure 51 Design Example with S/PDIF
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Control Interface

Functional states of the NJU25301 are determined initially by the reset state and are subsequently altered by commands sent to
the Serial Host Interface. The Command Table describes the complete NJU25301 command set.

Reset States

The WJU25301 is forced into reset state by puiling the device FESET input LOW, then set HIGH. A minimum of imS should be
aIlowedfortheResetSequencetocompIetebeforemehostsendsmeﬁrstoomnand.ﬁaetstateisdwcﬂbedhtennsofdefadt
command equivalents listed in the NJU25301 command table. Reset state is aiso a function of the logic levels applied to GP!O pin
2 and GPI0 pin 3 during the reset sequence.

The level at GPIO2 input during reset sequence establishes the AC-3 Downmix mode. if GPIO2 is set LOW, then downmixing is
disabled allowing a 3/2 stream to play out of all 5.1 channels. If GPI02 = HIGH, then a downmix to 2.1 channels is performed, allowing
a 2 stream to play out of only 2.1 channels. {it should be noted that in either case audio will only be present from the subwoofer i
there exits LFE information in the AC-3 stream. Neither of these modes redirects bass to the subwoofer, but only lets it pass through
to the LFE output). For applications without a system microcontroller, GPIO2 can be hard-wired to initialize NJU25301 . in either a 5.1
channel or 2.1 channe! Dolby Digital decoding output configuration. Input Serial Audio Format auto-detect is active on initialization so
either Dolby Digital or finear PCM inputs can be processed automatically.

The level at GPIO3 input configures the Serial Host Interface (SHI) to operate in [’C-bus or SPI bus serial format. If GPIOS is set
LOW, then SP! bus is the chosen SHI protocol. if GPIO3 is set HIGH, the 12C-bus is the chosen SHI pratocol.

Both GPIO2 and GPIO3 are sampled within 1mS after RESET goes HIGH. Both GPIO2 and GPIO3 can be programmed for other
/O purposes by the SHI after the 1mS reset sequence completes. On device power up, RESET should remain LOW for at least 10ms
after supply voltage reaches a minimum of 4.75 V, in order to allow the crystal oscillator to stabilize.
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NJU253071

Serial Host Interface

The MU25301 can be controlled via a Serial Hast Interface (SH) using either of twa industry standard senal bus fommats: °C-bus
or SP1 bus. Serial bus farmat is selected by GPIO3 pin during device initiaization. Data transfers are in eight bit packets (one byte)
when using either format. The SH! operates only in a slave fashion. A host microcontroiler connected to the interface always drives
the clock (SCUSCK) line and initiates data transfers, regardless of the chosen communication protocol.

Table 32 Pin Connections of the NJU25301 Serial Host Interface

Pin Name Pin Number PC-Bus Formst Function SP1 Bus Format Function
[ SCLSCK 13 Seral Clock. Senal Clock
SOASOOUT' 14 Serial ata (Bi-directional) Sedal Qata Output
ADV/SOIN 15 13C-bus Address, Bit 1 Senai Oata Input
ADY/SS 18 RC-bus Address, Bt 3 Siave Select

1. memmmAmmummmmmm%mm%mm_

SPl Bus

The serial host interface can be configured for SPI (Serial Peripheral Interface) bus communication by clearing the GPIC3 pin during
the Resat Sequence initialization. SP! bus communication is full-duplex; a write byte is shifted into the SOIN pin at the same time that
areadbymissfﬂhsdaﬂdheSDOUTpin.DatatansfefsareMSBﬁrstandareenabledbysenﬁngMeslaveseledphLOW(SS':O).
Data is clocked into SDIN on rising transitions of SCK. Data is latched at SDOUT on falling transitions of SCK except for the first byte
(MSB) which is latched on the faiing transition of SS.

PC-Bus

When configured for °C-bus communication the serial host interface transfers data an the SDA pin and docks data with the SCL
pin. SDA is an open drain pin requiring an extemal pull-up resistor (4.7k ohm nominal). Pins AD1 and AD3 are used to canfigure the
saven-bit siave address of the serial host interface. This offers additional flexibility in a system design by offering four different possible
slave addresses for which the 25301 will respond to.

Table 33 [C-Bus Stave Address'
Byte Bit7 Bit6 Bit5 Bitd Bit3 Bit2 Bitl | BitO
1 0 0 1 1 1 1 AD1 R/W?

When RAW is set HIGH, this indicates to the device that it is in READ mode. When RAY is set LOW, this indicates that it is in WRITE
mode. Please refer to the PC-bus specification for further explanation.

The figure on the following page shows the basic timing relationships for data transfers. A transter is initiated with a START condition,
followed by the slave address byte. The slave address consists of the seven-bit siave address followed by a readfwnte (F/W) bit When
the serial host interface recognizes a valid address, it retums an acknowledge bit on the ninth clock cycle by pulling the SDA line LOW.

The RAW bit in the siave address byte sets the direction of data flow until a STOP condition terminates the transfer: A/W =0 indicates
the hast will send data to the NJU25301 while R/W = 1 indicates the host wil receive data from the NJU25301. Any number of bytes
may be sent or received during a transfer under the [2C-bus standard, however single-byte transfers are recommended for NJU25301
communication as described in the next section. Repeat START conditions, in which the host does nat have to generate a STOP
condition before a second START, are not supparted. The serial host interface supparts both “Standard-Mcde” (100kbps) and “Fast-
Mode™ (400kbps) 12C-bus data transters. For further expianation of the 1C-bus, please refer to the “THE [C-8US SPECIFICATION:
VERSION 2.0, 198" available from Philips Electranics N.V.

New Japan Radio Co. Ltd
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Communication Protoco/

The NJU25301 commands are composed as sequences of one or more bytes. Commands may consist as a single opcode, or as
an opcode followed by a specified number of parameters. Some commands return data values to the host. The opcode, number of
bytes written and number of bytes retumed are specified in the Command Table for each command.

Communication between the host and NJU25301 is bidirectional. The host (bus MASTER) drives command sequences by sending
bytes to the NJU25301 (bus SLAVE). The NJU25301 generates a single byte response for every byte received from the host. In
addition to the command sequence initializing opcode and the subsequent bytes written, the hast will issue two types of flow control
bytes to drive communication. READ bytes are issued when the host expects a retum of data values according to the command
specification. No operation (NOP) bytes are issued at the end of a command sequence and in wait-oops when the host tests if the
MED25301 is ready for the next command.

The NJU25301 response to the host includes three classes of bytes: Command Bytes Remaining Count, Data and Status. Data
bytes are retumed when a READ byte is received from the host. The total count of command bytes is retumed after the host issues
the specified command. This count value begins at the number of bytes expected (number under "Bytes Written” in each Command
Table) for the particular command and decrements as the command sequence proceeds. Status Bytes are returned when the
command opcode is issued by the host, when the command sequence terminates, and during wait-loops.

Table 34 Classes of Bytes Sent from the Host to the NJU25301

Byte Class Value Description
Opcode {See Command Table) Command Operation Code
Command (See Command Table) Command Data (included for some commands)
Flow Control: READ 0xD4 Prompts Status Data to be Sent from MED25301
Flow Control: NOP OxFF Terminates Command Sequence

Table 35 Classes of Bytes Sent from the NJU25301 to the Host
Byte Class Value Description
Command Bytes Remaining Count Number of Bytas Remaining (1 to N) Number of Bytes Expected to Complete Command Table
Data Data Data Retumed (included for some commands)
Status: READY/OK 0x00 The MED25301 is ready for the next command
Status: COMMAND ACCEPTED 0x80 The last command sent to the MED25301 was valid
Status: COMMAND ERROR 0x81 Invalid Opcode or invalid number of READ bytes received
Status: NOT READY 0x83 Busy, not ready for next command

Command Sequence Using PC-Bus

Communication between the host and the NJU25301 is synchronized by byte stream content. 2C-bus START and STOP conditions
do not delineate the beginning or end of a command sequence. In order to read response bytes from NJU25301 the host must
altemate single-byte 12C-bus writes with single-byte 1°C-bus reads. Command sequence steps are driven by writes from the host. If
muitiple bytes are written from the host, NJU25301 responses will be missed. Multiple reads by the host without an intervening write
will retum identical byte values. '
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Table 36 General Command Sequence for ’C-Bus'

Sequence Steps Sent from Host Response from NJU25301
Operation Code Opcode Status Byte Retumed: either 0x00, 0x81, or (x83
Send All Bytes from Command Table | Command Byte 1 Command Byte Count N
Command Byte 2 Command Byte Count: N-1
C:rmnandeytoN C.mmandBytaCourm
Return Data READ Data Byte
H.EAD D;taBﬁeN
Termination NOP Status Byte: aither 0x80, 0x81, or 0x83
Loop Until Read (if Status Byte: 0x83) | NOP Status Byte: sither 0x00 or 0x83

1. Each eniry on this table represents a single-byta 12C-bus write to the  IA2S301 followed by a single-byte C-bus read from the  IAIZS301 .

The host initiates a command sequence by sending the operation code (opcode) for the command. NJU25301 responds with 0x00
if opcode is accepted or with 0x81 if the opcode is not valid. Next, the host sends command bytes as required by the command. The
NJU25301 responds, first, with a value indicating the number of bytes expected and decrements this value after each command byte
is received by the host. After sending all the command for writing data to the NJU25301 , the host issues the number of READ requests
specified by the command to prompt the NJU25301 to retumn data (if applicable).

Once the specified number of READ requests (if any) have been issued, the host sends a NOP byte to terminate the sequence and
checks the response from NJU25301 :

0x00 - indicates command accepted; NJU25301 is ready to receive next command sequence.
0x81 - indicates error; NJU25301 has received more or fewer READ bytes than specified for the command.
0x83 - indicates busy; NJU25301 is processing current command and is not yet ready for next command.

The host may not initiate a new command sequence while the NJU25301 retums a busy byte (0x83) in response to a NOP from
the host'. The host must reissue NOP bytes and recheck the NJU25301 response until a status byte of 0x00 is received. This indicates
that the current command is accepted and a new command sequence can be initiated, by sending a new opcode.

Table 37 PC-Bus Example: Sending a Sequence of 3 Commands'

Command Sequence Sent from Host Response from NJU25301
DELAY_CFG_CMD 0xC8 (Delay Configuration Opcode) 0x00
0x00 (Command Byte 1) 0x04
OxEF (Command Byte 2) 0x03
0x02 (Command Byt 3) xR
0xCF {Command Byte 4) 0x01
OxFF (NOP) 0x83
- wait loop - 0xFF (NOP) 0x83
OxFF (NOP) 0x83
0xFF (NOP) 0x00
UNMUTE_CMD 0xCC (Unmite Opcode) 0x00
OxFF (NOP) 0x80
SETIO_CMD 0xD1 (Set /0 Opcode) 0x00
0x01 (Command Byte 1) 0x01
0xD4 (READ) 0x11 {Data Value of GP100)
0xFF (NOP) 0x80

1. The three commands sent are: Delay Configuration (4 writes, 0 reads), Unmute {0 writes, 0 reads), and Set 1/O (1 writes, 1 reads).

1. Execution of a given command may or may not generate a busy response (0x83) from the NJU25301

New Japan Radio Co. Ltd.

37



NJU25301 Preliminary Information

Command Sequence using SPI Bus

Communication between the host and the MJU25301 is synchronized by byte-stream content. Transitions on the SP! serial strobe
(5S) signal do not delineate the beginning or end of a command sequence. The NJU25301: will respond to bytes sent by the host on
the following SP! byte cycle (one cycle delay). T

Table 38 General Command Sequence for SP| Bus!

Saquence Steps Sent from Host Response from NJU25301
Operation Code . Opcode No response is expected until the next SP! transaction
Send All Bytes from Command Table { Command Byte 1 Status Byte Retumed: aither 0x00, 0x81, or 0xB3
Command Byte 2 Command Byts Count: N
§ Command Byte Count: N-1
Command Byte N H
Retum Data READ Command Byle Count: 1
H Data Byte 1
READ H
Termination NOP Data Byte N
NOP Status Byte: either (x80, 0x81, or 0x83
Loop Untl Read (if Status Byte: (x83) | NOP Status Byte: sither (x00 or 0x83

1. Each entry on this table represents a singie-byte 2C-bus write to the NJU25301 followed by a singie-byle PC-bus read from the  mzs301

The Communication sequence for SPI farmat is identical to that described for 2C-bus format except that each response from
MJli25301 is detayed by one SP transaction. One extra NOP byte (independent of busy loop NOPs) is therefore required to complete
-a command sequence.
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Microcontroller Interface Timing Parameters and Timing Diagram for FC-Bus Mode
Table 39 12C-Bus Interface Timing Parameters' (Voo = 5V + 5%, TA = 0°C to +70°C, fe ¢ = 49.152MHz)

Standard-Mode Fast-Mode

Parametar Symbol i | Maximum | Minimum | Madmum | O
SCL Clock Frequency foc. 0 100 0 400 kHz
Hold Time (M START condiition. After this period, the first bosa 40 06 us
clock pulse is generated

LOW period of the SCL clock ow 47 13 s
HIGH period of the SCL clock tacH 40 0.8 us
Setup Time for a repeated START condition ousTA 47 - 0.8 - us
Data Hold Time Lonat 0 345 0 09 us
Data Setup Time {au0AT 250 - 100 ns
Rise Time of both SDA and SCL signals t 1000 300 ns
Fall Time of both SDA and SCL signals Y 300 300 ns
Setup Time for STOP condition tsust0 40 0.6 us
Bus free time between a STOP and START condition e 47 . 13 us

1. Standard-Mode values refermed 10 Vy,, and Vy ... LOW level input voage (V, ) is assumed 1o have a minimum of -0.5 Volts and a maximum of 1.5 Vaits for
Standard-Mode. HIGH level input vokage (V,,,) i assumed to have a minimum of 3.0 Voits and a maximum of VDD + 0.5 Voits for Standard-Mode.

t
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Microcontroller Interface Timing Parameters and Timing Diagram for SPI Bus Mode
Table 40 SP! Bus Timing Parameters' (Voo = 5V 1 5%, T, = 0°C to +70°C, fy = 49.152 MHz)

Parameter Timelines | Symbol | Minimum Typical Maximum Unit
Serial Data Rise Time a-b tasor 5 ns
Serial Data Fall Time a-b Yasor 5 ns
Serial Data Valid b~¢ fusov 40 ns
Serial Clock Rise Time d-e taser 5 ns
Serial Clock Fall Time f~g tasct 5 ns
Serial Clock Asserted e-f tnsca 160 ns
Serial Clock Negated g-h tuscn 160 ns
Serial Clock Cycle Time e-i tusce 320 ns
Serial Data Input (to DSP) Setup b-e tusisu 20 ns
Serial Data Input (to DSP) Hoid e-C tusin 20 ns
Serial Data Output {from DSP) Valid g-c tMsosu 20 ns
Serial Data Output (from DSP) Hold e~ uson ns
Serial Strobe Rise Time j~ tusst 5 ns
Serial Strobe Fall Time l-m tasse 5 ns
Serial Strobe to Clock Active k~e tassca 0 ns
Serial Strobe Active k-m tnssa 5.12 us
Serial Strobe Negated m-n tussn 20 ns
Serial Clock to Strobe Negated o~m tuscsn 20 ns

1. Al values are assumed Vg is 0 Voits and Vg is 5 Volts.

Figure 53 SP1i Bus (Serial Peripheral Interface) Timing (SS Low)
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Preliminary Information MED25301

Serial Audio Data Timing Parameters and Timing Diagrams
Table 41 Serial Data Input Timing Parameters (Vo = 5V + 5%, T, = 0°C to +70°C, fgy = 49.152 MHz)

Parameter Symbol Minimum Maximum Unit
BCKI Period 160 ns
L Puise Width s 80 ns
H Puise Width tem 80 ns
BCKI to LRI Time ta) 40 ns
LRI to SCKI Time bt 40 ns
Data Setup Time tos 40 ns
Data Hold Time ton 40 ns

Figure 54 Serial Audio Data Input Timing

1F )

Table 42 Serial Audio Data Output Timing Parameters (Vp, = 5V + 5%, T, = 0°C fo +70°C, fg ¢ = 49.152 MHz, C:
LRO, BCKO, SDO = 5 pF)

Parameter Symbol Minimum Maximum Unit
BCKO Period 160 - ns
L Pulse Width tsor 80 . ns
H Puise Width tsou 80 - ns
BCKO to LRO Time tso - 10 ns
Data Qutput Delay tooo - 10 ns

Figure 55 Serial Audio Data Output Timing
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NJU25301 Preliminary Information

Electrical Specifications

Table 43 Absolute Maximum Ratings' (Vss = 0 V)
Parameter Symbol Minimum Maximum Unit
Supoly Voitage (T, = 25°C) Voo 03 7 v
Input, Outputt Pin Voltage (T,= 25°C) v, 03 Vpo + 0.3 v
Operating Temperature Toen 0 70 °C
Storage Temperature Tsre 5 150 °C

1. Absoiute maximum ratings are siress ratings only, and functional aperation beyond thess limits is not guaranteed. Stress beyond the maximum rating may affect
device reliabiiity or cause permanent gamage to the device.

Table 44 Electrical Characteristics (T, = 0°C to +70°C)

Parameter Symbol Test Condition Minimum | Typical | Maximum Unit
Operating Voitage Voo Vpo pins 475 525 v
Operating Current loo fose = 49.152 MHz - 300 - mA
High Level Input Voltage Vi 0.80 Vpp Voo v
Low Level Input Voltage Vi Vgg 0.10 Vpp v
High Level Input Current by Vn=Vpo - 10 pA
Low Level Input Current b V=Vgg - 10 MA
High Level Output Voitage Vou low=2mA Vpo-1.0 - v
Low Level Output Voitage Vo l=2mA - 05 v
Input Capacitance Cn - 5 10 pF
Clack Frequency fosc - 49.152 52 MHz
Ext System Clock Duty Cycle fec 45 55 %
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Preliminary Information

NJU25301

Figure 56 Plastic QFP-80 Dimensions
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Figure 57 QFP-80 Solder Pads Plastic QFP-80 Solder Pad Dimensions
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— [CAUTION]
L — — The specifications on this databook are only
nn + ﬂn - given for information , without any guarantee
ds eith istak issions. Th
ag ' g as regards either mistakes or omissions. The

New Japan Radio Co. L4

application circuits in this databook are
described only to show representative usages
of the product and not intended for the
guarantee or permission of any right including
the industrial rights.
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