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1. TEST MODE

TAME=F

1-1. SW test mode

1. Activating the test mode
Press the POWER switch to ON while pressing the
OPEN/CLOSE button, REC MUTE key and RECORD key
to engage the SW test mode. All indications on the
display will go off.

2. Ending the test mode
Turn the power OFF 1o end the test mode,

* For all tact switches, the name of the key that you
press is shown on the display. When the PLAY key,
PAUSE key, RECORD xev or SHIFT key is pressed, the
corresponding LED lights.

% While the F FWD key and STOP key are pressed
simultaneously, the RECORD MODE switch settings are
shown on the display.

% While the STOP key and PLAY key are pressed
simultaneously. the Fs switch settings are shown on the
display.

* While the PLAY kev and PAUSE key are pressed
simultaneously, the INPUT switch settings are shown on
the display.

* While the PAUSE key and RECORD key are pressed
simultaneously, the DIGITAL INPUT switch settings are
shown on the display.

* Set the Fs switch to 48k to show "Jog 0 Shtl0™ on the
display.

» When turning the DATA dial, make sure that the
"Jog 0" indication changes from 0 to 1.
*» When turning the SHUTTLE knob, make sure that the
"Shtlo " indication changes from 0 to {.

1-2. Display test mode

Press the PP key together with the < key in the SW
test mode to engage the display test mode. "24 BIT" will
light on the display.

Press the PP key together with the b« key in the
display test mode to restore the SW test mode.

L and R level meters light consecutively.

# When vou press the RECORD key, the digits in the
counter section light consecutively.

* When wyou press the COUNTER MODE key, the meter
scale, TABST, "PGM", "REMAIN", "H", "M", "S", "PNO",
"FT,"MARG", 7.7, "%" and "dB" all are illuminated
simultaneously.

% When you press the CHAR key, "EXT", "TC", "TOC”",
"CHAR™, "EDIT . "CAPS", "ALL", "REPEAT", "A-B" and "
PROGRAM™ =zl ars illuminated simultaneously.

% When vou press the MARGIN RESET key, "SINGLE”,
"START ID”. "48.0k™, "32.0k", "SKIP PLAY", "SKIP ID",
"441K", and TLP" zll are illuminated simultaneously.

% When vou press the DISPLAY key, "DIGITAL IN",
"WORD", "INT", "H™, "M", "S™, "PNQO" and "VIDEQ" all
are illuminated simultaneously.

% When you press the SKIP PLAY key, "AUTO ID", "START",
"CHAR", "SKIP™, "WRT ., "END", "ERASE", "TOC" and
"RENUM" all are illuminated simultaneously.

* When you press the STOP key, zll indications go out
{except for "24 BIT™).

* Press the PLAY key to light up all indications on the
display.

1-1. SWF X PE—-F

1. 7 A bE- FED
OPEN/CLOSE #+ # >, REC MUTE +—, RECORD % - % i
LM E POWERA A v FEONIZTH L. SWTF A FE- FiZ
UNEd, COLE, T4 AT LAINORTHEBEILET,
2.7 A bPE- F&T
MiEAQFFIZ958&, TAPE-FRERETLED.

kTATOHY 7 FSWizoLWT, fishiz+F-0fFE7T+ 27L
A& RT 5.
% 7z, PLAY -, PAUSE #—_, RECORD # -, SHIFT & —
DRF-FHLAESRR, TOF— oW LELEDASITT 5,
* FFWD & — &£ STOP + - £&E0Fi12#l L T A, RECORD
MODE 21 v FOEENEET «+ AT LAIZEHAT D,
* STOP & — & PLAY F—ZREFHZHM L T B Fs A4 wF D
WENEEF 4+ AT LA IzETd 5,
* PLAY F — & PAUSE #+ - Z[EF 2 L TUBHL, INPUT 2 1
g FORENEEZT+ AT L1 I12kRT 5
% PAUSE # — & RECORD # — =[Ez# L T A, DIGITAL
INPUT 21 o« FOFEHNEET « A7 LAITE LT 3,
*FsAA v FEABKIZEEL, T4 A7 L A1Z “Jog0 Shil0" &
‘TRSH L.
«DATA # 4 7LEET &, “Jog 0" OFETH O~ £ TEALT
-
« SHUTTLE / 7 £EI4 &, “Shtl0” OFFA O~ TLALT
5T é&o

12 /RFAPE-—F

SWFAPE— FEC, el F—ZHLUAS, P 4 — &1
FTERRTAME-FICEDEd, TOEE, T4 XT LA
“24 BIT" MStTLET,

Fii. FRTARE - P, el -2 L0, P+
~EfTESWTAPE- FIZED £9,

¥ RECMUTE - &g &, L UL A -4 —L, RO Ky kAl
Y O -

* RECORD # — &£Fd &, A o & — HHIEHFIz St T 5,

* COUNTER MODE # — 415" &, 4 — % — 2% — )b, “ABS",
“PGM", “REMAIN™, "H”, “M", “S", “PNO", “F". "MARG"
“UL %M, dBT ARl ST A,

¥ CHAR + — 24 & “EXT". “TC". “TOC". “CHAR".
“YEDIT", “CAPS”, “ALL", “REPEAT", "A-B", "PROGRAM"
AEEFIZ AT T 5,

* MARGIN RESET + — %4fid- &, “SINGLE", “STARTID",
“48.0k", “32.0k", “SKIP PLAY", “SKIPID", “44.1k", “LP"
Hldesic sS4 5,

# DISPLAY + — %43 &, “DIGITALIN”, “WORD". “INT",
“VIDEQ™ Hlalsizidld 4.

% SKIP PLAY + - &3 & . “AUTOID", “START”. “CHAR",
“SKIP", *WRT", “END", "ERASE”. “TOC”". “RENUM" #¢
e St o b <1

¥ STOP#-%#id &, ¥4 A7 LAROFRHLHLT 5,
(“24 BIT" &mEkR )

¥ PLAY #—£iid L. F4 AT LA HOF LR EITT B,
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1-3. DIGITAL IN information and tape recording
information display function

1. Activating the display mode
Press the SHIFT key to ON, then press the STOP key,
REC MUTE key and EDIT key simultanecusly to engage
this mode. "CLK XX 0000” will be shown on the display.
2. Display switching
Press the EDIT key to switch the display from A to
I as shown below,
* Press the DEL/- key to reverse the display order.
3. Ending the display mode
Press the SHIFT key to OFF, then press the COUNTER
MODE key to restore the normal mode.

A. DIGITAL INPUT clock accuracy indication
“CLK XX goo00”

Set the INPUT switch to DIGITAL, then input a digital
signal to the input jacks selected with the DIGITAL
INPUT switch to set the mode to INPUT MONITOR.
When the digital input signal is locked (DIGITALIN
lit), Fs and clock accuracy are shown.

Fs is shown in the XX section.

The clock’s accuracy is displayed with hexadecimal digit
and + . — with respect to 0000. With one count, a
shift of about 43 ppm occurs. (0.1 %= 1000 ppm)
For example, when the indication is ~ + 00167, it is
converted to +22 in decimals, causing a shift of about
+ 1000 ppm.

B. C-bit/PLL Lock information indication (1)
“ Dla B?BsBsB.&BaBzB;BQ b

B: : RCAT
1:DAT or DATP category code
0: All others
B;, B; : REZ, RE1
0 0:no emphasis
B:: RCPY
1: Copy prohibited 0 :Copy permited
B:: RDA
1 : Digital data 0: Audio data
B: : RPC
1 : Professional use 0 :Consumer use
B, : Not used
By : UNLK
1:PLL unlock 0:PLL lock

0 1: em.phasis 5015 u s

1-3. DIGITAL INFiE L U5 — 7TREBAZORTHRNE

1. ZRE— FEH
SHIFTF — %M L TONIz L#:#%. STOP#—, REC MUTE #
—, EDITF—%2RfIzifd &, ZOE- Fiziihgd, 2O&
., F4RATLAIE "CLK XX 0000™ 2iEREnEd,

2. ZTYID#A
EDITH#-2{7 &tk Y, TiEQANSIZTOEREYD
BIZZENTEET,
kBRI R EA & &, DEL/-F—-%2HL 27,

3. BTRE- FET
SHIFT - %#l LT OFF iz L #:#. COUNTER MODE #+— %
e s, BEE- NoioEd,

A. DIGITAL INPUT D # o v # R F55R
“CLK XX oo000”

INPUT 2 o ¥ % DIGITAL{Z LT, DIGITALINPUT 21 w F
TERLEZADBF LTI IL{ESE AL, INPUT
MONITOR®— FlzLZ 3,

FOINAIESHay 7 LTuAEE (DIGITAL INSH)
Fs&roy 7iEEEERRLET,

EEXXEICFs AR RLET,

70y 7R, 0000 M LT+ / ~TlRiEETLE T,
1A% v FTHA3 ppmiEEOTN &L £,

(0.1% = 1000 ppm)

FZIE, ZRD “+o016” S 10BITET E+22H 70 R &
EHL. 4+ 1000 ppmodhefnEd,

B. C-bit/PLL Lockig#i#~ (1)
“Dla B:B:B:B.B;B:.B; B al

B- : RCAT
1:A73)-a- FHPDAT 27213 DATP
0: #hblist

B:, B: : RE2, REl
0 0:no emphasis

B: : RCPY
1:aE-#F

B: : RDA
1t FoFNF-7

B, : RPC
1: 7o

Bliﬂifﬁﬁﬁ

B, : UNLK
1:PLL7 o ¥

0 1:emphasis 5015 us

0: 2 -#n]

O:A-Fad7-—%

O:avira—=

0:PLLow ¥

Y

v
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. C. C-hit/U-bit information indication (2) C. C-bit,/U-bitiHRER (2)

“Dib B7BsB:B.B;B:B:Bs "

31 : RST
1:START-ID
Bs; : RSH
1 : SKIP-ID
Bs, By : RF2, RF1
0 0:Fs 48k Q0 1:Fs 441k 10:Fs 32k
B;, Bz, B, : Not used
B, : STID
Track space information from CD
1: Space between tracks O:The middle of a track

. C-bit category information indication when formatted

for consumer use
“CAT. B:B.BsB4BaBaB| Bo i

B: ~ B:C7 ~ CO
Category code
Example. DAT :1 100
DATP :1 100
CD 1000

o oo
e Qe e
oo o
o o= O

. Digital output mode setting indication

“D0 B;B;BsB.B;B.B:B, ”

B-:0
B::0/1
B: : PRCN

Digital output format setting

1 : Professional use O:Consumer use
]

0
. B; : Not used

: XOFF

START ID or SKIP ID transmission setting
1 : Not transmitted 0 : Transmitted

Yopx

. Format-ID, ID-1, ID-2 and ID-3 indications recorded

on the tape

“IDa B:BiBsB.B:B:B,B. "

B:, B:: Format-ID
0 0:Audio 0 1:Data 1 O:reserved 1 1:reserved

B;, B, : ID-1 (Emphasis)
00:0ff 01:30/15¢s
1 1:reserved

B;. Bz :ID-2 (FS)

1 0:reserved

00:48k 0 1:44.1k 1 0:32k 1 1:reserved
B, By : ID-3 (Channel)
00:2ch 01:4ch 1 0:reserved 1 1:reserved

“Dlb B:B«B:B.B;B:BB; "

B, : RST
1:START-ID
B: : RSH
1:SKIP-ID
B:. B. : RF2, RF1
0 0:Fs 48k 0 1:Fs 44.1k 10:Fs 3Zk
B. B. B : =&H
B, : STID

CDA SOBMEESE 1:-difg 0 dhd

. 3via2-TT7x—<y FEOC-bit #F Y — iR

"CAT. B:B:«B:B.B;B:B, B, "

B- ~ B.:C7 ~ CO
AFIY-3-F 8Ey hEZLEYTHER

#i. DAT :1 1000000
DATP:110Q00001
CD 10000000

DIGITAL OUTPUT € - FHEEXT
“DO0 B;B¢B:B.B:B:B.B, "

B-:0
B :0/1
B: : PRCN
FeANMBHDT -7y FOIE
1: 70 Q0:20%a2-7%
B.:1
B: :0
B.. B: : K{EH
B, : XOFF
A% - FID, 2% » 7 IDOEEFE LD EHNENDRT
1: &5l 0:#EEFTAS

. Tzl Eh Tuw s Format-1D, ID-1, ID-2, ID-3#&/R

“IDa B;B;BsB.B;B.B, B, "

B, B: : Format-ID
0 0:Audioc 0 1:Data 1 0:reserved 1 1:reserved
B;, Bs: ID-1 (Emphasis)
0 0: off 0 1:50/15us
1 1:reserved
B;, B:: ID-2 (Fs)

1 0 : reserved

0 0:48k Ol gk 1 0:32k 1 1:reserved
By, By : ID-3 {Channel}
00:2ch 0 1l:d4ch 1 0:reserved 1 1:reserved
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G. ID-4, ID-5, ID-6 and ID-7 indications recorded on the
tape '

ulDb B?BsBsBJBaB:B| Bo "

By, Bs : ID-4 (Quantization) ;
0 0: 16bits 0 1:12bits 1 0 : reserved
1 1:reserved

B:, B, : ID-5 (Track pitch)
0 0 : normal 0 1; wide 1 0O : reserved
1 1:reserved

B;, B:: ID-6 (Digital copy)
0 O : permitted 0 1;:reserved 1 0 : prohibited
1 1: special

By, Bo: ID-7 (Pack)
Pack contents

H. Pack Item indication recorded on the tape

“Item XXXXXXX"

Pack Item Contents
0 Not provided
1 Program time
2 Absolute time
3 Running time
4 TOC
5 Date
6 Catalog number
7 International standard recording code
8 Pro binary
a9 Character
Example :
DA-40 2100000 0r 2180000
DA-30MK2 2100000
DA-B0MEK2 2213800
PCM-T050 3333328
DTC-790 2222111

I System internal mode indication
“Mode AABBCC "
J. System control microprocessor version indication

“ROM Verioo™”

G. #-Fizitdsh T4 ID-4. ID-5. ID-6. ID-7 &5 Q

T -FICEE ST A Pack Item &R

“IDb B;B¢BsB.B:B:B:B: "

B, Bs : ID-4 (Quantization)
0 0: 16bits 0 1:12bits 1 0:reserved
1 1: reserved

Bs, By : ID-5 (Track pitch)
0 0: normal 0 1: wide 1 0 : reserved
1 1:reserved

Bs, B.: ID-6 (Digital copy)
0 0 : permitted 0 1:reserved 1 O : prohibited
1 1: special

B, By : ID-7 {Pack)
Pack contents

“ltem XXXXXXX"

Pack Item o

0 KA
7a 7S LI
Mo
=Rl 1
TOC
H
hyarfis
EEsg e —
A=RAE &l
XF

[< e » TS B o » B HNY S o T A S S

#]. DA-40 2100000 00r 2190000

DA-30MK2 2100000
DA-B0MK2 2213800
PCM - 7050 3333328
DTC-780 2222111

Y AT LMERE ~ F&R

“Mode AABBCC "

YAFTLOYka—N=T42ROMN -2 5 FIR

“ROM Vertoo”
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. 1-4, Mechanism mode display function 1-4. X HE - FERTME

1. Display method 1. ERhE:

Press the STOP key, REC MUTE key and DISPLAY key
simultaneously to engage this mode. Various information
is shown with hexadecimal characters on the 6-digit
display at the right of the counter. To restore the
normal display, press the DISPLAY key.

2, Display contents

“UVWXYz"

U : The current mechanism mode is shown.
0 : TrayOpen 1: TrayClose 2 : Upload

3 : Stop 4 : Pause 5 : Play
6 : Cue 7 : Review 8 : Rec
9:FF A : Rew

V : When PLAY in the SP mode is "1” (normal speed),
the current capstan speed is shown ( with
hexadecimal characters) by how many times faster
it runs than at normal speed.

1=F:1 to 15 times normal speed

W : The current mechanical switch status is shown with

hexadecimal characters.
bit 3: Tray SW 1
bit 2 : Tray SW 2
bit 1: Tray SW 3
bit 0: Tray SW 4

X : The current mechanical switch status is shown with

hexadecimal characters.

bit 3 : Cassette L =set

bti 2: A.E. P L = hole closed
(Possible to record)

L = hole close
(Normal track)

L = hole close
(Normal 13 g m)

bit 1 :RH3 (wide track)

bti 0 : RH2 (thin tape)

* A. E. P: Accidental erasure prevention

Y : The current mechanism status is shown with the

hexadecimal
bit 3 : The mechanism mode is being changed
H = Being changed
bit 2 : Tape position detection flag
H = Detected
bit 1: Drum lock monitor
bit 0 : Capstan lock monitor

H=Lock
H=Lock

* bit 2: Tape position detection flag
When the servo control is applied for high-speed
running with FF or REW, tape position detection
is necessary, When the tape is loaded, the tape
position is not detected. However, once the tape
has been run briefly in PLAY or CUE mode, the
tape position can be detected.

Z : The current mechanism status is shown with

hexadecimal characters.

bit 2 : Monitoring the mechanism mode transition

direction H = Transition for unloading
bit 1: EOT H=EQOT
bit 0 : BOT H=BOT

STOP#—, REC MUTE + — . DISPLAY 4+ — ARz i8¢ & |
IDE-FIZREDET, T ATLADOHY 7 - 6H
IZAAE- FOSEHE I6ECHEMTERLET,
ETREEFIZETIZIE, DISPALY + -2 L 29,

2. =TT

"UVWXYZ-~

U:BEDAAE-FEERLEY,
0:TrayOpen 1 : TrayClose 2 : Upload

3 : Stop 4 : Pause 5 : Play
6 : Cue 7 : Review 8 : Rec
9:FF A : Rew

V:BEDF+TRAY AL - FZSPE- FOPLAY% “1" &
LT, ZOfIfEMTHETLTO A 0% 1B T&RRLET,
1~ F:1~ 158

W BAOAHZRA 9 FIRELZ 6B TERLES,
bit 3 : Tray SW 1
bit 2 : Tray SW 2
bit 1: Tray SW 3
bit 0: Tray SW 4

X:BEOA DAL o FIREE 16 ERTERLE T,

bit 3 : Cassette L = set

bti 2: A, E. P L = hole closed
(Possible to record)

L = hole closed
(Normal track)

L = hole closed
(Normal 13 ¢ m)

bit 1: RH3 (wide track)

bti 0 : RH2 (thin tape)

* A. E. P: Accidental erasure prevention (ZiHZ:Biil-)

Y REOAAREL 16 TERLET,

bit 3: A AT - FEEI H=#&i7th
bit 2: 7 - FliEH 7 7 7 H =235 %
bit 1: FSLaw s E=4% H=vw¥%
bit 0: ¥+ 7RF v 7€=% H=ow?#

*bit 2: F—TERM TS
FF. REW TEuliEiToH — £l 24 284, 5 - 70
VBEAZEL T AAENRHDET,
F—ThEy PLEBLTRESRLTOEEAN, 57—
7%PLAY, CUEHTLLOW, HTXE3 - LTl
L#d,

Z:B|IEDA i:;lkrg{— 16 TRRLES,

bit 2: A HE~ FETARE=4

H = Unloading #la)iz#£1 7
H=EOT

H=BOT

bit 1: EOT
bit 0: BOT
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2. REMOVAL OF MECHANICAL PARTS
HERmON LA

This section primarily shows the disassembly procedure ;

to

reassemble, reverse the procedure.

2-1. Cautions in handling the mechanism ass’y

. When lifting the mechanism ass’'y, de NOT hold both

edges with one hand ; hold the right and left edges
of the chassis with two hands.

. Do NOT touch the head drum,.

3. After removing the mechanism ass'y, always place it

10.

i

12.
13.

14,

15.
16.

155
18.
18.
20,

21.
22.

with its right side up. .
If it must be placed upside down for any reascn, place
a protective sheet such as bubble packing, etc.
underneath to protect the exterior of the cassette
holder.

. Do NOT touch the tip of the flexible PC beard. Also

do NOT pull or bend it strongly.

. Do NOT lift the mechanism ass'y by the flexible PC

board or leads.

. Do NOT touch the guide roller with your bare hands.

To clean dirt or dust off the roller, wipe it gently with
a cotton swab moistened with alcohol.

. Do NOT touch the portions of the posts which come

into contact with the tape.

. Do NOT touch the rubber portions of the pinch roller

or belt and the felt portion of the tension band, etc.
with greasy fingers.

. Do NOT touch the pulley over which the belt is hooked

with greasy fingers, etc.

If a screw secured with screw — locking compound is
removed, reapply the compound after reinstalling it
Tightening screws with too much torque may sirip
the screw threads; be careful.

When removing the coil spring, take care so that the
hook is NOT deformed.

When the head becomes dirty, use a cleaning tape.
When reassembling, take care NOT to let leads or
cables be pinched by the chassis, etc.

Do NOT touch the surface of the drum with which
the tape comes into contact.

When lifting the drum, hold both sides of its base.
When placing the drum on a work bench, place it on
a soft mat so that no load or impact is applied to
the rotor of the drum and motor.

Do NOT lift the drum by its leads.

Do NOT perform any soldering near the drum.

Do NOT apply an external force to the upper drum.
Do NOT let the tip of a screwdriver or metallic object
come into contact with the rotor. Especially magnets
{or magnetized objects) should NOT be brought close
to the rotor.

Do NOT touch the PG sensor with your fingers.
Do NOT lift the motor by the flexible PC board.

COETHALAEEIOE L 2945 HLESROYOFIHT

21, X A=XAL AssyBRBLEDEZEK

1L A#A=ZRL

1) AH=Z L Ass'y B EO E 2} AR ETHAEM O E 20
il Y- YOEADOIREMFTHEL L,

2) V-0 RFLEICR, FEERLLI L,

) AAZAL Ass'yREE L2 BREEZLVEIITEL
e Fh, AHAZL AssS'yREEARICEL &L,
PUBATHIFICEUBER. Tio7 Sy F 548
MaEalsE, Aty b RS- OABREREZHEET L &,

4) 7L FomificEEMhian s &, £ 7 LFE#HE]
SEEsf e Lisn T &,

5) ZLFEHEY - FiEdE-T, A=K L AssyEEL |-
i &,

B) HAF-a-S-0Oo—-5—iclt, FTEHOLLI &,

BRERC &R, TLo-LA3HECBLTERR(C

Lo

BHEAPOF - TALTOIZE, ETHSITOLIE,

Erey PRI -FTHEMNITIOI &, F12, WL

shf:ErkEw b, Foq43-THoWI &
8) EuvFuo—-F— NN FFOTLIE, Trirayr 5y FE
DT b PRI HOD R TF TR S T D &,
9) XA PO MET— ) —FLT AOMOFETHS A
Rl
10) ¥ « 0w 7HMFTOTOVE A VEA LB, B
BbAL 0w BT AL, HHIDTESLER T
CRADTHEETAZ &,

11) TN AT & AT L i, 7 v 7 OERITTES:
TAE5IE,

12) ~y FOERCEEE, 2 -y -5 - J%RERTS
Sty

13) Mo, FE Yy — v - HICBSALT I EOHVED
WHET B &,

-~

VR B

1} ) wF—o7 - i, FEMRREOI &

2) Y eF-FECEEE, Y 5 — X - AOWEERFD
&

3) Y)Y —EEHEOR. FSLEFE-4—-Do—4—1iz
TR, SERAESZTOEI RS O0LIO B &,

4) U—F@EE-> Ty o ¥ -2Hb FFfinl &,

5) YU YF -0 TERMIFE LAW I &,

B) LFZAlTARENRAL T L,

Fe T AT e E——

1) O—-F—itid F2 43 -DEHMaEisy, GEomuy
ELUTHLI & FHCEA (Bl bo) BiaftiFamnl
&

2) PGEr¥—izid, FEpNILNI &,

3 TLFEFH-TE—7—&Fb LTI &,

¢

L




2-2. Disassembly of the Mechanism Base Unit-1

1. @9 Capstan Bracket, €3 Capstan Flange, & Capstan Belt
1) Unscrew the two &) -2 screws. then remove &) .
2) Remove &) from the &) Rotor Block. then detach @) .
Notes)

= Be careful NOT to scratch the Cylinder.

- When removing 9. be careful NOT to widen the
inner diameter of it

« When removing &) . be careful NOT to lengthen the
Belt.

+ When 69 is not replaced. the &) Wheel Shaft Retainer
(Fig. 2-2) should not be removed. :

» When reinstalling the &) . procedure indicated next
page. (refer to Fig. 2-2)

DA-40

22. AHA=XALX—Z2=y FOIE-1

Fig. 2-1

1. @ Capstan Bracket, 6 Capstan Flange, @ Capstan Belt
1) @-axv2kE4L., @ 24T,
2) €9 Rotor Block s 69 4L, @) #44
=3 9}
VY IR E ARSI VLS T T B &,
<G EATLEINREVDAIFEVESIZTE L,
<G EATEE, NP EMIEITVESITEI L,
» GD Wheel #1214 (K12-2) 13, 6 2Lz e 213
?{‘é f;L\Z&a
<6 EHY 15 & i3, RR— VOFMEET>TLES W,
(2-2Zm1)
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1) Insert a jig spacer(0.25t), P/No. JOO385600A between
rotor and coil.

2) Adjust the height of the rotor by rotating the &7).

3) Pull out the spacer.

4) Secure the @ with screw lock.

36

Jig Spacer (0.25 )
{P/No. JOO3B5600A)

Fig. 2-2

2. @ Sensor Block

1} Desolder the E section (6 positions), F section (8
positions) and G section (5 positions). See Fig. 2-1.

2) Desolder 4 positions to remove the 2-core J line from
the @Loadmg Gear Block (Fig. 2-1) and the lead
wire from the @ Solenoid (Fig. 2-5

3) Unscrew the two 33 -c screws.

4) Unscrew the three @3 -b screws, then remove &).

Note) When soldering during assembly, make sure the

J line of 6D is aligned in the correct direction.

3. @ Push SWs, (2 ID Spacer (L), @ ID Spacer (R)
1) Unscrew the two @0) screws, then remove @ > ; @
, and @9 .
Note) When reinstalling, be careful NOT to tighten the
screw slantwise (because the switch is
mounted obliquely).

4.(@9-1 TU Ass’y, (9.2 TU Ass’y
1) Remove the two (i8) washers, detach (19-1 and (19)-2.
Note) When reinstalling —1 and (19)-2, apply Molicoat
to the shaft.

5. @ BT Arm, @ BT Spring, (® BT Band Ass'y

1) Remove the U-a washer, then disengage @.

2) Remove the hook of & from @, then detach @.

3) Remove the (D-b washer and the @-a screw, then

detach &

Notes) » Pay attention NOT to deform the band of &
* Refer to item 3-1 for the Back Tension Torque
adjustment.

1) Jig Spacer(0.25t) 20— % — & I 4 I DI E LidT,
2) @) AEEESEAIEIzEN O~ - DERIETYS 2,
3) Jig Spacer(0.25t) =k < .

4) B izavoy s %75,

Rotor
f@ /5

Jig Spacer (0.251)
(P{No. JOO3B5600A)

==

=

®

2. (33 Sensor Block
H2-10E&EMHIT (BAHF.
' F -":*r'?'l =HT.
#4457 [ 67 Loading Gear Block (Fig. 2-1) #»
218+ € Solenocid (Fig. 2-5) 750 Y — K@)

FHlEHEM (B87En). G

3) @ -cxV2HENT,

4) @) -bFTIKEAL, 6 A4T,

2% BUHCERFIT e s, &) 0 IBOR S EST 2
Z&e

3.@) @ Push SW, @ ID Spacer (L), 33 ID Spacer (R)
1) @) %Y 2A%4 L. 6D, &), 6D, 6D %4¥,
X ool zid, 0k UEHBIZEDDIFTRLI L,
(Switch Mgleviz L B 1-8h)

4.1 TU Ass’y, 19-2 TU Ass’y
D@7y 2BEAL. @1, @2%40L, @7y
2 E=H87,
B WMOAosaR, it a- FEBRETAIE,

5. @ BT Arm, @ BT Spring, @ BT Band Ass’y
D @a7yyriEflL, @FAT,
2) 07y rE@LINAL. @FAT,
DOL Tyrr, @D-axvEAL, @FAT,
X)) @O Band DERZIZEET L &,
sy ST vz v MLV TRIL3-1RESE,

¢

w




6. @ Loading Lever Block
1) Remove the D-¢ washer, then remove §0) .

7. @ Chassis Base Block, &) TG-R Spring, € TG-R, @
Gear Arm, @ L1 (IN) Arm,@ L1 (OUT) Arm, @) Rotor
Block, (@ Loading Link Block, @) INC Base (IN), @
Loading Link Block, @) INC Base (OUT)

1) Unscrew the six (12 screws, turn the Mechanism Base
Unit upside down, then remove @ with @ pushed

downward.
2) Remove @), @), @, &, and €) from @), in this
order.

3) Pull out & from €9
4) Unscrew the two @ screw, then remove @), @), @9,
@) from 9 .
Notes) + Be careful NOT to scratch the Cylinder,
+See that the phases of @), @) ,and @) are
matched with each other, as shown in Fig. 2-3.
* For position of the @) washers after reinstalling
the €3), refer to Fig. 2-4.
Wipe out the oil lubricated to the shaft with
an alcohol.

8.8 Loading Belt, & Loading Gear Block
1) Remove §§) from the Mechanism Base Unit.
2) Unscrew the two @9-d screws, then remove &) .
Notes) - Be careful NOT to scratch the gear of 7).
* Be careful NOT to let grease adhere to @) .

DA-40

6. @ Loading Lever Block
1) @-c 7w s EHL, 6 E4F,

7. @9 Chassis Base Block, &) TG-R Spring, & TG-R, @
Gear Arm, @ L1 (IN) Arm, @ L1 (OUT) Arm, ® Rotor
Block, @ Loading Link Block, @ INC Base (IN),@
Loading Link Block, @) INC Base (OUT)

1) @ %Y BAEAL, AA-N-R+a=y pEESIZLT.
6 2 FicfiLzdis, 60 24T,
2) 60 5 @, @, @9, 6, 6) OMHizAT.
3)6) % GD) £HikEM 3,
4) @Ex2AEAL ®, @, @, @ %6 Lh#d,
BB L) LIS ESTHLE ST AL,
- @3, @, ofirffli Fig. 2-34 %M,
G BN RO @ 7 v v+ OfIfEIL. Fig 2-4%%
WOz &, St vv 7 POAAAETALI-LET
Halvso &,

&g ]

Fig. 2-4

8.6 Loading Beit, &) Loading Gear Block
1) AffeR=R+2=y kb, 2EAT,
2) @-dx 7 2K%4L, &) £HT,
2E) QD OFTIEEEOURLESITAI L,
‘@) T RFEOURVEIETEIL,

11
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2-3, Disassembly of the Mechanism Base Unit-2

1. @ Solenoid Bracket, 3 Solenoid
1) Unscrew the @-b screw, then remove 62 .
2) Unscrew the €D screw, then remove 69 from 62) .
Note) When reinstalling the Solenoid, carry out the

adjustment of the position of the Solenoid.

Adjusting the position of the Solenoid

(Refer to Fig. 2-6)

Loosen the @-b screw, then move the Solenoid (
, 2 ) back and forth (7B) so that no space
at "A" portion can be obtained in Play mode.
After checking that the brakes are not applied
in FF mode, tighten the @-b screw with a torque
of 1.5 kg-cm, then apply the screw-locking
compound to it.

23. A h=XbLxX—-Z21=y FODIE-2

Fig. 2-5

1. @ Solenoid Bracket, € Solenoid
1) @-bxyEAL, =94,
2) @) 2V EAL, @ % 6 LoAT,
M) SolenoidHU Y 11F1& 1L, Solenold OMEFAREAITS = &,

Solenoid (I MR (H2-68R)

PLAY £ — FIZT. AHORBAMEOHEIL @-bg U &R
¥ T Solenoid ( 63, 62 ) #ai%kic®n LT (/B) ¥
Bg 5, THFFE— FIRTTL—F80h->TOD
JEEMHEL, @-bATF15 kgem THEHFITRY -
Oy J7%9 5,

[

TS

O

= \v




2.@)Brake Spring, (i3 Loading Lever Block, 19 SU Brake
Arm
1) Disengage (3.
2) Remove the two @D-d washers, then detach (13 and

@.

3. (19 Reel Ass'y(SU), (i Reel Ass'y(TU), (i) SU Reel Spring
1) Take off the two @-e washers, then remove @), @),
two (i7) , and two (8 washers.
Notes) * Apply Molicoat to the spindle when reinstalling
(19 and (3) .
» See that no Molicoat is applied to the reflector
plate of (9 and (3).
- See that the serrated portion of (& and (3 is
free from Molicoat c¢oating, scratches and
indentation.

4.@)Idle Spring, @ Idle Gear, @) Center Pulley, @ Cam
Plate, @) Idle Cam,@)Cam Plate Spring, (§)BT Lever
Spring, (7) BT Lever, (3) BT Cam Lever
1) Take off the @-f washer, then remove &) and &
2) Remove the (D-g washer, then detach @& and &4

washer,
3) Disengage @8 from the hook, remove 28) and &), then
take off @),

4) Disengage ®.
5) Remove the @-h washer, then detach @ znd .
Notes) * Apply Molicoat to the spindle when
incorporating 23) .
« When reinstalling %), apply Molicoat 1o two
oblong holes and the spring hook.

5. 69 Worm Wheel, £8 Center Gear, (i3 Mode Gear, (3) Mode
Cam, () Mode Switch
1) Remove the three @-i washers then detach 8. &),
®, @, and @. in this order.

Notes) - See that the phases of @ and ® when
reinstalling are matched with each other, as
shown in Fig. 2-7.
» After the phases are matched move @ in the
direction of arrow A by an angle of zbout 40
degrees.

6. 69 MR Sensor
1) Desolder the four soldered portions, unscrew the @-c
screw, then detach &9).

DA-40

2. @ Brake Spring, (i3 Loading Lever Block, (2 SU Brake Arm
1) & 47,
2) @d7 v+ 24EAL, @, (D549,

3. @ Reel Ass’y (SU), (9 Reel Ass'y (TU), () SU Reel Spring
D @e722+25%384L. 0, B.D25.® 7

25 E0T.
2 - 0.0 oA, SitEY a- FMARHETEZ
- Q. B oRMBcEY I- PEIFELI L,
- @. B oRERIZT) 3 - FEREG. THRESFEL
-:IC:

4. @)idle Spring. @ Idle Gear, @ Center Pulley, ) Cam
Plate, @ldle Cam, (@) Cam Plate Spring, ()BT Lever
Spring. (7) BT Lever, (8)BT Cam Lever

D@L 77 rEAL. E). @ 2HT

20 Dg79v+E3AL.B. @7y v EAT
D27, 705ALTE, @D EAL. B 24T,
1 BEAT.

5) @-h 7y yvEAL. @ OEHAT,

28 2 OHLAAIMIZE, BhicE Y 2 FARTT S &,
- 8 OHLAZMS IZE/ (2501 MUK T v iz
Ja- hEBRTEI &,

5. @ Worm Wheel, ) Center Gear, {®Mode Gear, (8 Mode
Cam, @) Mode Switch
D @iv7yyy 3x24AL. 6,6, 1, @, () ol
ERS
HE) - #THO @) & () & Dliid, Fig 2-748R8,
Qb @ BREMA FANZ#40° Bip LTH<
Eds

Phase-matching Holes

ffgahen 1

Fig. 2-7

6. GI MR Sensor

D CERM 4 s iEA L, @cx P EAL, 6 EAT
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2-4. CYL ASSY BLK Replacement

1. Removal (Fig. 2-8)
1) Remove three screws @6, and remove part @ -1.
2) Dissolve the screw-locking compound at @ with an
appropriate solvent, then loosen screwwith a
hexagonal wrench (Fig. 2-9) and remove part @3) -2,
Note) Remove part @3 -2 before the screw-locking
compound coagulates again.
After removing part @-2, clean its bearing
with a cotton swab moistened with solvent.
3) Remove three posts @), and remove the CYL ASSY
BLK.
Note) After removing posts , scratch the
serew-locking compound at ©.
Do NOT use solvent (this will cause trouble
if penetrated the motor coil or others),

2. Installation
Install the CYL Head Ass'y in reverse order of disassembly.
Remember, however, the following :

# Do NOT touch the surface of the CYL ASSY BLK with
naked hands. (It is recommended that you draw on
gloves.)

% When mounting part 83 -2, use a 0.35 mm thick
spacer to allow the necessary clearance as shown
in Fig. 2-9.

Position adjustment method is explained on page 18.

* When mounting part @ -1, insert a center spacer for
the clearance shown in Fig. 2-10 to be even

* Tightening torque for screws @ and posts @ should
be 0.3 kg +cm. You need the following tools :

+Torque screwdriver 0.2— 1.5 kg (part no. 5772827800)
+ Attachment bit, crisscross (+) (part no. J0025300)
= Attachment bit, flat blade (—) (part no. J0025310)

* When removing the hexagonal wrench after fully
tightening screw @3, be careful NOT to loosen the
SCIew.

* After completion of installation, slowly rotate the
upper drum with your fingers to check that it turns
freely and without binding.

* After tightening the screws and posts, apply the
screw-locking compound to @, ®, and © to prevent
them from loosening.

2-4. CYL ASSY BLK D3rik

1L.RUAL (R288R)
1) 69 %Y 3KENAL @ -1%47,
2) OHOFTO Yy IETAI-LTENLTHE, @B 2%
Ny Z AR LyF (F2-9) TEHTE 2547,
W) xPoy rHEZ LRV BT, B 6 -2xd
Z &,
4, 6 25A LAk, G -2 DT HNEE T
Aa-lEMFEETEhVT S,
3) @) 2 F3EEALT, CYLASSY BLK 44,
BE) 6) 24 LIk, OMOAR Yoy 7 EEIDHIS T &
M. TLha—MiER LS nI &, (F—Y—ar =
IHRILAD & b5 FAERET BE[EERD B 5/ 5)

2. By i3
Wy {fitid, RO LOEOFIETTI 2 L.
BL., BUTFOI&zEETEI &,

* fE¥d, CYLASSYBLKOEmIZIIAS I &, (FH5%
BT 2 EAEE L)
¥ (3 2FWOMIF S &S, M2-90 X 5 ICEX0.35mm D
AN—H—FEA LT, B 0.35mmiz i A & 5O h fi+
5 - Sulp
T, IE&HHizoWTIR18N-YEBHBO I &,
* @)-1FEOTIF5E 21, K2- 100G &
I F - AR -EBALTHYMTEZ &,
* (9 2VBLUG) FER POEDIT P 2120.3kg e
FOI &,
< FILZ K545 0.2~1.5kg : 5%\ 5772827800
s AT FSAN—FEEy b (+) 1 SFT0025300
s PLT FESA-FAEy b (-) : RF 0025310
x @) XTOEHTHFE. ANy 7R LU FERCEER, #
Wz VHBUHRICHEMA LW &,
¥ BO{FI#, EFSLEETYW-< HEREEE, ALEFOR
BAILOAERET B,
* BRIBLUFER FERFOTITRIZ. @0 CfEz2 oy
SCREIET AL,
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@ CYL ASSY BLK

e
g N
(& = | Z’
o , /.///
1i I'.. ‘\
9 Sd
\ - \
c :’ .am./@a%/ @ 3

(33) STATOR BIX < a5 5

Fig. 2-8
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g X

e —
f
=== =IF
————————— Spacer
—\ (Parts No. JO0253400A)

L ] - | ;
0.35 mm :
\ a

Hex Wrench
(Parts No. J0025550)

O -
Fig. 2-9 —-l—l—— 0.89 mm

Center Spacer
(Parts No. JO0253300A)

Clearance
Pl

Fig. 2-10

16
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Position adjustment frREH
Using the diagrams below as a guide, match part and AAAsSYE LGRS E 2 IZF2- 11 OMRIZ. Fls S &
the shaft. The Figure 2-11 shows the alignment when EeBI2-12ofiEtizig A LS ORI T E Ly,

viewing the mechanism assembly from above and the
Figure 2-12 shows the alignment viewed from below, !

nearly horizontal
[EE AR

Fig. 2-11
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3. ADJUSTMENT OF THE MECHANISM
AR

This adjustment is performed when mechanical parts have
been replaced or when torque value or tape travel is
erratic.

3-1. Back Tension Torque Adjustment

1. Load a torgue measurement tape (TW-7131 manufactured
by SONY), then measure the back tension torque with
the deck in REC/PLAY mode.

2. So that the center value of the back tension torque
swing falls within a range of 5 to 7 g+cm, adjust by
loosening the @ screw in Fig. 3-1 then by moving the
® BT Band Assy to the right and left as shown in
A of Fig. 3-1.

3. After adjusting, tighten the @ screw with a torque of
0.8 kg +cm, then apply the screw-locking compound
to it.

CORBE, BEBREZBR UL EELENEPLVIE, 7
TOEDHEOCBET>TF S,

M.l Fvvav b oER

L FLZRIEMRT —7 (SONY 8 TW-7131) #4#& L. REC/
PLAYE®- Pl Tiw ¥ F v va v b EIIET 5,

2.y 77 vy ay bL7EORNAEOHRLHSE ~T g-cm i
A&LDIT, Fig. 3-10 @% ¥ %wA5HT G®BT Band Assy#*
Fig. 3-10 A ELIEM LT, BT 2,

3. FARE., @V E0Bkg rcm THIDFII TR YDy 7 %9 5,

3 9 1

Fig. 3-1




3-2, Tape Travel Adjustment

Prior to adjustment, clean dirt and dust off all posts and
the head drum other than the guide roller, using a cotton
swab moistened with Diflon.

Gently wipe the guide roller with a cotton swab moistened
with alcohol

P2 post (supply side guide roller)
P2ARF (AB#HA FO-3—)

' DA-40 |

32 F—-FEGFEE

HEOHNH A Fo -5 —LADOEFTRA PR ) ¥ -0
HhE, 7470 ZHBIELESE-TTFE,

W A4 Fe—-S-B7Aa—-LEEECEL, B{REE-T
(S,

P3 post (take-up side guide roller)
PAMRA+ (HEH A FO—5—)

P1 post Inclined post Inclined post TG-R post
PIRRE g3 A = b (R R TG-RAEZ
rm-ﬂ#—ﬂ#'\in Hf _ “

T\ 1]

Ll P

Tension post -
FriavRRAR Tape travel direction

F—TEITAM®

1 B P‘\#ﬂﬂﬂﬂﬂﬂj N
CYL Head ass'y
Ay I ASSY

Capstan shaft
TR

z
1

P4 post
P4ARZ b

Fig. 3-2

9

1. Set the servo adjustment menu 4 (CHK TapePass).
(Refer to page 23.)

SONY), then set the deck to PLAY mode.
3. Connect CH1 of the oscilloscope 1o TP435 (PBRF) on the
MAIN PCB and CH2 to TP403 (SWP).
While observing the envelope of the RF signal adjust
J the height of the guide roller as follows -

1) Turn the P2 post (supply side guide roller) clockwise
using a wrench until the margin zrea on the envelope
(supply side) disappears, then turn the guide roller
counterclockwise until the margin area reappears.
(Refer to Fig. 3-3)

2) Turn the P3 post (take- up side guide roller) clockwise
using a wrench until the margin arez on the envelope
(take-up side) disappears, then turn the guide roller
counterclockwise until the margin area reappears.
(Refer to Fig. 3-4)

[
S

T T YT

Magin area
F=UeT YT

Fig. 3-3

1.4 -F5% S —-—4 (CHK TapePass) (29 3.
er23N-—-3)

ZrF9F 7 T—7 (SONY®ITY-7251) #¥47L. PLAY
£-Fk¥ 5.

3. # 2 0A3-7D CH1% MAIN PCBo TP435 (PBRF) 2. CH2
£ TP403 (SWP) Iz5: L. RE{EBm v ~Xo— 7l L7
Ao, BFOL3IHAS Fo-5 - OB a2t s,

1) P2ARR MABIAA FO-Z )% L v FizT iz,
IyRO-TOAPO~—Z v ) THPW 5% T
. SEEAAS Fo-S—%LEL, v~ J ) 7
HihsETREY, (Fig 3-3&43)

2) PIRA ~(HEBAS KO- -yEZML »FIzTHIZIL,
TR -FTONIDv— e ) TEHAURS R AE T b
W, AR AS Fo-S—2LzklL, == o2 )T
HHEETRET, (Fig. 3-438H1)

p.

Magin area
T—¥e TP

\

Magin area
R—TFy eI YT

Fig. 3-4
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3) Gently turn the guide rollers on both sides until the 3) WOHA Fa-S-%2DLf>FKLT. 2 oXNo—74%
envelope becomes as shown in Fig. 3-5. Fig. 3-5 Ok 5 #HERIzT 5,
At this time, the lower edge of the tape should he IDEE T-TOTFDy PHFFLDY — FIZFESIZHE-
completely on the drum lead. TWhWaHIREIZE W ET,
4) Gently turn the guide rollers on both sides counterclockwise 4) MO HA Fo—F—&2FB0 /D L9 2LMicEL, =X
until the envelope becomes as shown in Fig. 3-6. o—7#Fig 3-6 ok HHERKIZT 5,
Reference) The shape of the envelope when the tape BE) 7 THNFZLO) - FhoANRTETLTAIE
is running outside the drum lead is GO o —-7oRkE, Fig. 3-TOX 5120 F
shown in Fig. 3-7. kR

(R 1. 0
L ) |

Fig. 3-5 Fig. 3-6
Small deviation Medium deviation Large deviation
HhE I HhE P HhE K
Input side
AfR
Qutput side
B
Fig. 3-7
5) After the adjustment is complete, eject the tape, then 5) JER., —EF-74EJECT L. BEo—F 41 v 7&i7i
load it again and confirm whether or not the W yNRo—7HFig 3-6DLH NI T B h%E
envelope is as shown in Fig. 3-6. If NOT, go back BT 5, T WEEICIE, BIE 1MEItE - THE
to 1), and perform the adjustment again. T 5,
6) After the adjustment is complete, check to make sure 6) HERTE, A/ Fa -2 -T7-72A- LTl
that the tape is NOT curled around the guide rellers. & AT 5,

20




4. ELECTRICAL ADJUSTMENT
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Fig. 4-2 Frequency patterns of the level checking test tape (TY-7111)

L~UVRF—7 (TY-T111) BiEsysy -~

TP435
RF AMP PCB {PBFIF}\
AN
A .
,'"""". P161
' i TP403_»*
’ ; MAIN PCB fwey
1

X3 -

( A8 R5 )

e —— —
Fig. 4-1 Adjustment and test poins
BEEFELUFARASA b
LE~g " T3 157 MBiz
4 n.-n
1-25 |1 31-88 00 353 | ‘-T'? =3 I-ZS-- B 34-97 98- 165 LI.?E-!%
—
ACH G 1.57MHz 130 Lgﬂ BCH |5, 130kHz 1.57MHz e
— e — — g | —— I—I—
ATF Araa ATF Ama ATF Area ATF Area

21
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® Test tape
Torque cassette : TW-7131 manufactured by SONY

TW-7231A manufactured by SONY

: TY-7251 manufactured by SONY

¢ TY-T111 (TY-7111X) manufactured by
SONY (Refer to Fig. 4-2)

: TY-7551 manufactured by SONY

: TY-30B (TW-30BX) manufactured by
SONY

Tracking tape
Level tape

Function tape
Blank tape

Note) When using the new type TY-7111X level test
tape, use the new type TY-30BX blank tape for
recording as well.

4-1. Servo adjustment menu

Adjust the servo system using the servo adjustment menu
mode.

1. Activating the adjustment mode

1) Press the SHIFT key to ON.

2) While pressing the STOP keyv, press the MARGIN
RESET key and MENU key simultaneously. In this
case, ~FactoryCHK" is shown on the display.

2. Selecting an adjustment menu
Select the desired adjustment menu with the MENU key.
The selected menu is shown on the display.

3. Ending the adjustment mode
Press the SHIFT key to OFF and then press the
COUNTER MODE key.

4-1-1. Adjustment menu 1 (CHK PB Torque)

1. Check the PLAY takeup torque back tension torgue.
1) Play back the torque cassette (TW-7131).
2) Check that the take-up reel torque is 7 to 20 ge+cm.
3) Check that the supply reel torque is 4 to 8 g+cm.
2. Check the REV takeup torqueback tension torgue.
1} Load the torque cassette (TW-7131).
2) In the PLAY mode, press the REW key to engage
the REV PLAY mode,.
3) Check that the take-up reel torque is 10 to 28 gecm.
4) Check that the supply reel torque is 10 to 16 g-cm.

4-1-2. Adjustment menu 2 (CHK FF Torque)

1. Check the FF,/REW torgue.
1) Load the torque cassette (TW-7231A).
2) Check that the take-up reel torque is 40 g+cm or
more in the FF and REW modes.

® FAFF—7
b7 Aty b : TW-7131 (SONY &)
TW-7231A (SONY #)
: TY-7251 (SONY )
D TY-7T111 (TY-7111X) (SONY &)
(K4-2£M)
Trriyaryy—7: TY-7551 (SONY &) _
TP T : TY-30B (TY-30BX) (SONY&!)

R S
LT -7

F) LNXLTF Ty TOTY-TTUHUXDIESR. 7507
F—T LA TOTY-30BXAHN LT HEy,

41. 4v—AABRAA =1 —FE—F

1) SHIFT#-%2#_TONIZT 3,
2) STOP*- %8 7255, MARGIN RESET+— & MENU £
- ZESICET.
IDEE, T4 AT AIZ "FactoryCHK " &Frah s,
2 ERE/EA - - —OFER
MENU + - X D EiRT 5,
EBRABE, T4 A7 LA ItHZTEh 3,
3. F/BET-FOET
SHIFT  — £#f L TOFF & #/:#%. COUNTER MODE # — %
Fﬂ-g-o

4-1-1. IR®X = 5—1 (CHK PB Torque)

LPLAY 497 w7 MNT 8w 7 F gy LI HER
1) bsAEy b (TW-7131) ZPLAY T 5,
2) TATT wTEOY) NPT HT~209emTHEI &%
2T .
3) HTIAUDY - kA TH4~BgemTH B T & il
The
L REV TAIT 9T bAY 5y 0T ay bIL TR
L A szHty b (TW-T131) 28593,
2) PLAY{RIEH S REW F — 24 LT, REV PLAY 29 5,
3 FAIT T - FILTH10~26gem TH B I &
RS B,
4) $TSADY -V P 7B 10~16g-emTH B T &% E
%Y Ba

4-1-2. A% A = 2 — 2 (CHK FF Torgue)

1. FF/REW b 78R
1) FAZAEY b (TW-7231A) %575,
2) FFBLUREWE - FizBWWT, T4 77 » 7oy - b
N7H40g-embll - TH B I &HMET 5,

¢

<
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J 4-1-3. Adjustment menu 3 (DPGad] XXXX) 41-3. BWBA = 2 — 3 (DPGadj XXXX)

1. DPG adjustment 1. DPGE%

1) Connect the oscilloscope's CH1 to the MAIN PCB's 1) #FaRX3a H1 &= MAIN PCB (> TP435 (PBRF) (z
TP435 (PBRF) and CHZ to TP403 (SWP). HZ % TP403 (SWP) Z¥5d 4,

2) Play back the tracking tape (TY-7251), ) : L3 TY-7251) 4 B¢ 35,

3) Press the CHAR key to show "1700". i) CHAR*= - %7 “1700" 2FETE 45,

4) Adjust DPG with the INS/+ key and DEL/— key so 1) SWE TP403 571 F{55 (TP435) o
that the time between the SWP signal (TP403) fa =T 650 = AL 912, INS/+
and the RF signal (TP435) marker is 650 £ 15 ¢ s. = DEL cEEd 2
(Refer to Fig. 4-3) H4-3EN

MEMO1+-% T AV IclEs 2

5) Press the MEMO 1 key to store this setting in memor

Oscilloscope Range :
CH1: AC 200 mV/div., 0.1ms/div,

CH2 : DC 5V/div.

CH1 (RF)

Fig. 4-3

S

4-1-4, Adjustment menu 4 (CHK TapePass) 4-1-4. IBEA = 1 — 4 (CHK TapePass)

1 7 — 7S R fE

1. Check the tape pas

1) Connect CHI1 of the osc TP435 (PBRF 1) #v oA 2-70CH] % MAIN PCB > TP435 (PBRF) (=
on the MAIN PCB zn TP403 SWP H2 % TP403 (SWP) Z#5:d 5
2) Play back the tracking tape (TY-T25 2) b2y F LT —F (TY-7251) 3
J 3) Check that the flatness of the RF wawveform is 75 3) M4-4D L Sic, RFEFOTHIENTS %Ll EH 5 C & %15k
or more as shown in Fig. 4-4 I 5,
100% v+ --:---100%
75% oo j 17}
CH1 (RF
T5% <o ) I
100% -+ oeeolon 2).......100%

CH2 (SWP) |

Fig. 4-4

23
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4-1-5. Recording current adjustment (TestRec /6)

1. Set the INPUT switch to ANALOG.

e

ar oo

. Connect

. Pld'_\" back

the oscilloscope’s CHI to the MAIN PCB's TP435
(PBRF) and CHZ 1o TP403 (SWP).
(TY-7111).

the level tape

. Write down the signal level of the pilot signal (130

kHz) for the A head and B head as shown in Fig. 4-5.

. Load a blank tape (TY-30B) and record no signal.

When the section recorded in step 5 is plaved back,
make sure that the signal level of the pilot signal (130
kHz) is within £2 dB (0.8 to 1.25 times) against the
level written in step 4.

When the level is out of standard, adjust the RF AMP
PCB's R8 (A ch) and R5 (B ch), then repeat steps 5 and
8.

Fig. 4-5

AR

[ou]

[#7]

4-1-5. iLEMFTBE (TestRec f/6)

LINPUT A o w F % ANALOG |23 5%,

. A oZ3a—7DCHL % MAIN PCB® TP435 (PBRF) |z CHZ
% TP403 (SWP) g d 2,
s F -7 (TY-T1) 2FET 5,

4. B4-5D L 51z, A head, B head®/314 o v F5+ (130kHz)

DIEF L%
t DLI—}J—H 7 =ik
15512;1'7'9 5.

Ficgk (AE) LTEL,
77 —7 (TY-30B) =3E L. RMTHFSTIZEE

6. gy TH TG LA EFELLEE. 10y MR
130kHz) DEF LU AT » T4 TR (A E) Lz
VI LT=2dBRIN (0.8~125{%) THE I &&ET 5,
7. i8I '\5.’,'1\1#3{;\ RF AMP PCB @3R8 A ch), R5 (B ch)
AT v 75, 6ET I
Oscilloscope Ra
CH1:AC 100 iv., 2 ms/div.
CH2 : DC 5V
PILOT(130 kHz)
CH1
(RF)
CH2 _ |
(SWP) !
(Trigger) A head ! B head
Osc;llosccpe Range : \
CH1 : AC 100 mV/div.. 1 ms/div. \
CH2 : DC 5Vdiv. \
A head \
PILOT i
—| 'HSD kHz) qr—

v
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4-2. Error rate check

1. Self-recording,/playback error rate (LP mode)

1) Load a blank tape for recording (TY-30B),

2) Press the DISPLAY key several times to engage the
error rate display mode (display : E————).

3) Set the RECORD MODE switch to LONG.

4) Set Fs to 44.1 kHz to record no signal on the blank
tape.

5) When the recorded section is played back, make sure
that the error rate of the A head and B head is
below 9 X 107? (display : 0080).

(Switching between the A head and B head is
performed with the MENU key,)
2. Self-recording /playback error rate (SP mode)

1) Load a blank tape for recording (TY-30B).

2) Set the RECORD MODE switch to STANDARD.

3) Set Fs to 44.1 kHz to record no signal on the blank
tape.

4) When the recorded section is played back, make sure
that the error rate is below 6 10-* (display : 0060).

DA-40

42 T5-L—- B

1. BEE8z5-L—-F (LPE-F)
1) EegB75 /75 —7 (TY-30B) #4479 5,
2) DISPLAY # - %{a[lE/AIL T, =5~ b - b RE— FiZ
TB (FR:E———--)

3) RECORD MODE Z 1 v F% LONG (29 5,

4) FsZ44.1kHz i L, REHEBSIZEE S5 T 5,

8) LBELAZFEEELILEDANy F.BAy FDT 5 -
L= rOx 107 (FR: 0090) LIT CH A I & #iEZET 5,
(Anz F.BAy FOUIDBAILZ, MENUF—-IZ2LD1TS)

2 BCESx5-L-bF (SPE-F)

1) ZBRB75275 -7 (TY-30B) 24&ET 5,

2) RECORD MODE Z 1 » ¥% STANDARD |21 %,

3) FsZ44.1kHz I L., KBRS ICEESETET S,

4) ZRLEESEMYELLZ0S - L - FAEX10 * (K
T :0080) LIFTHAEI EEMHERET A,
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5-1. Playback System

Mode : PLAY
Test Tape : TY-7551
XLR VR : MAX

5. AUDIO CHECK

BER

Measurement Points ; LINE QUT

*—F 4 FERFER

CHECK ITEM PLAYBACK SIGNAL SPECIFICATIONS REMARKS
ERIEE BAES RIBiE =
1. Playback output PGM NO."1" UNBAL : BAL :
level 1kHz, OdB + 6dBV * 2dB + 20dBu = 2dB
BELI LUl

2. Playback frequency

PGM NO.“1" 1kHz

20Hz~20kHz + 1.0dB

BAIRER o LT,

PGM NO.“8" (10kHz, L) —R

PGM NO."10" (10kHz, R} —=L
ERELALESDI/ A M- Z1380dBLIETHS Z
Eo

response PGM NO.“2" 20Hz
; : PGM NO."5" 20kHz
B A
3. Playback distortion PGM NO.“1”" UNBAL, BAL : 400Hz HPF : IN
factor 1kHz, 0dB 0.006 % or less 22kHz LPF:IN
e
4, Playback S/N ratio | PGM NOQ.“17 Using PGM NO.°1" (0dB) as a reference, when | 22kHz LPF : IN
S/ 1kHz, 0dB PGM NO.°6" (-o0) is played, the S/N ratio| IEC-A:IN
- PGM NO.“6” should be 95 dB or more.
-0
PGM NO.“1” (0dB) ®&¥Ei L, PGM NO."8” (-¢0)
EZEELAESOS/NEIROBABLL-TH BT &,
5. Playback crosstalk PGM NO."8” When PGM NO.“8” (10kHz, L) to R and PGM NO. | 22kHz LPF : IN
. “10” | laye k, A TP
HEr R -2 10kHz, L ] 0 (10kH? R) to L are played bac .thc [EC-A:IN
PGM NO."10 crosstallk  with respect to the play nominal
10kHz, R output should be 80 dB or more.




5-2. Recording System H&R

Mode : Input Monitor
Measurement Points : UNBAL OUT

DA-40

Ny KR AHALXA

maximum position and check for 1.2 V or more
at PHONES OUT under 32 Q load.

25 9 71 OIKEET, PHONESHE AR AIT LI &
Z@OPHONES QUTOH A L~AULIE12VELL (3208
B ThovI,

CHECK ITEM INPUT SIGNAL SPECIFICATIONS REMARKS
HER2IRE AHES RiglE ==
1. Recording input, BAL : Turn the INPUT control, and set the level at | INPUT switch :
output level 1kHz, + 20dBu which the OVER indicator of the level meter BAL, UNBAL
SEAMH L AL almost lights. The output level at this point ]
UNBAL : should be +6 dBV +2 dB. RECORD MODE
e+ By INPUT>% 4% L. LALA -5 —DOVERA o ¥ s“;;fz';o \RD
—g - EATERIC AL Sty bR, ZDE o
=OHALNIE, +6dBV £2dBTH 5 &,

. Recording frequency UNBAL : With the deck in the condition of step 1, when

response 20Hz~20kHz, +6dBV | the input signal varies from 20 Hz to 20 kHz,
e R the recording frequency response with respect
to the 1 kHz output level should be as follows:
20 Hz to 20 kHz +1.0 dB
27 v 7T 1ORET, AINETOEMEEBELLESE
& &, IkHz DA LAV LT OFE R DR 1
LTO#ENTHAEZ L,
20Hz~ 20kHz + 1.0dB

. Recording S'N ratio | No input The S/N ratio with respect to the output level | 22kHz LPF : IN

sEs/ N |AS in step 1 should be 88 dB or more. IEC-A : IN
ZF T 1OHAL NNz LTOS/N{tiid 88dB LI
Eeasi e,
. Recording crosstzlk UNBAL : When the deck is in the condition of step 1, the | 22kHz LPF : IN
SEroar-2 1kHz, +6dBV ratio between the output when a signal is input | IEC-A : IN
B oA —
to one channel and the output at the other
channe] should be 80 dB or more.
ATy T 1ORET, ANMEEERF v » 2MTNA
REFDHADEHLT LIFF v o2 ADMIED
Hid80dBLL L THB - &,

. Recording distortion UNBAL : 0.008 % or less 400Hz HPF : IN
factor 1kHz, +6dBV 22kHz LPF : IN
#EEE

. Headphone output UNBAL : With the deck is in the condition of step 1, turn
level 1kHz, +6dBV the PHONES control all the way to its

27
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6. SPECIFICATIONS

Audio specifications
Tape speed : 8.15 mm/s (SP mode)
4075 mm/s (LP mode)
Recording time (with 120-minute tape) :
120 minutes (SP mode)
240 minutes (LP mode)
Head drum speed : 2,000 rpm (SP mode)
1,000 rpm (LP mode)
Fast winding time : 80 seconds with 120-minute tape
Sampling frequency : 44.1 kHz, 48 kHz
32 kHz (LP mode)
Recording resolution : 16-bit linear (SP mode)
12-hit non-linear (LP mode)
Frequency response :
20 Hz to 20 kHz, £0.5 dB (SP mode)
20 Hz to 14.5 kHz, £05 dB (LP mode)
S/N ratio : More than 92 dB
Dynamic range : More than 93 dB
Total harmonic distortion (1 kHz @ FS — 0.1 dB) :
Less than 0.005 % (SP mode)
Less than 0.0756 % (LP mode)
Channel separation : More than 90 dB (1 kHz @ FS))
Wow and flutter : Unmeasurable (less than 0.001 %)

I/O specifications
Analog inputs (balanced XLR-3-31 type) :
Nominal input level : +4 dBu (FS— 16 dB)
Maximum input level : +20 dBu
Input impedance : More than 10 kQ
Analog Inputs (unbalanced RCA) :
Nominal input level : — 10 dBV
Maximum input level : +86 dBV (2 Vrms)

T

Analog outputs (unbalanced RCA) :
Nominal output level : — 10 dBV
Maximum output level : +6 dBV (2 Vrms)
Output impedance : Less than 1 kQ
Headphone 1/4” stereo jack : 2 x 50 mW into 32 Q
Digital input AES/EBU (balanced XLR-3-31 type) :
AES3-1992 or IECB0958 Type II (auto-detect)
Digital input COAXIAL (unbalanced RCA) :
IECB0958 Type I or Type II {auto-detect)
Digital output AES/EBU (balanced XLR-3-31 type) :
AES3-1992 or IECG0958 Type II (menu-selectable)
Digital output COAXIAL (unbalanced RCA) :
IEC60958 Type I or Type II (menu-selectable)
Parallel I/O port : 15pin, D-sub connector
REMOTE IN (3.5 mm mini-jack) :
For use with RC-D45 only

Physical specifications
Voltage requirements :
USA/Canada : 120 VAC, 60 Hz
Europe/UK : 230 VAC, 50 Hz
Australia ; 240 VAC, 50 Hz
Japan : 100 VAC, 50-80 Hz
Power Consumption : 21 W
Dimensions (W x Hx D) : 482 x 150.5 % 364 mm
(19 X 5.9 x 14.3 inch)

&

Weight : 8 kg (1

[ p]

1bs)

* In these specifications, 0 dBV is referenced to 1.0 Vrms,
and 0 dBu is referenced to 0.775 Vrms.

Input impedance : More than 50 kQ # Changes in specifications and features may be made
Analog outputs (balanced XLR-3-32 type) : without notice or obligation,
Nominal output level : +4 dBu (FS— 18 dB)
Maximum output level : +20 dBu * 0 dBV = 1.0Vrms, 0 dBu =0.775Vrms THEL L TH =T,
Qutput impedance : Less than 100 Q * kARSI, PEU(LEETLA b ET.
482mm
456mm 27mm 330mm 7mm
om0 ; ®
m € £ ]
st [ .| @ @ B
L U

v

v
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PARTS LIST SECTION

NOTES

@ PC boards shown are viewed from parts side.

@ Parts marked wth = require longer delivery time.

@ The parts with no reference number or no parts number in the
exploded views are not supplied. i

@®As regards the resistors and capacitors, refer to the circuit
diagrams contained in this manual.

@ A\ Parts marked with this sign are safety critical components.
They must be replaced with identical components - refer to the
appropriate parts list and ensure exact replacement.

® Parts of [ ] mark can be used only with the version designated.
[J]:JAPAN [US/C]:U.S. A /CANADA [E]:EUROPE [K]:KOREA
[UK]:U. K. [A]:AUSTRALIA

iE
o7V P ERRIMREYSTINTLET .
@ x D& IMBIETINYET.
HEMUHTTHELES L,
S BECHENLVBRAUSEQOL BRIt A,
OFEDEN. IVFT /Y -IERBLTHYET,
ERERESEBL T LS,
OAHRRLEERRTY,
RBTIWELT T« T v VIEEOBREMRAL TSV
eitEE
[J1:JAPAN [US/CI:U.S.A. /CANADA [E]:EUROPE [K]:KOREA
[UKI:U. K. [A]:AUSTRALIA

o
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7. EXPLODED VIEWS AND PARTS LIST
SBREN -V Y R b

EXPLODED VIEW-1

30
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EXPLODED VIEW-1

REF. NO. PARTS NO.  DESCRIPTION REMARKS

-1 %5801350900  BONNET (B)

1«2 ¥5555570000  CUSHION B, BONNET

1- 3 +M00000S00A  COVER, TRAY B

1- 4 *M007897008  SHIELD SHEET, SERVO

-5 5786610200  RIVET, PUSH RP-3045-NB :

1- 6 +£95073501A  PCB ASSY, SERVO -"

1- 7 $5801348702  ANGLE !

-8 +5785713000  CLIP, HARNESS 3. 0X9. 1X50 |

-9 $MO0B44300A  SPACER, FRONT B |

1-10 $MO0549800A  PLATE, EARTH ‘

1-11 *E95077100A  PCB ASSY, SHUTTLE !

1-12 $M00757801A  FRONT PNL ASSY, B |

1-13 #5720254101  NAME PLATE, TASCAM(S) :

1-14 MO00025034  KNOB, GB

1-15 +W007585008  WINDOW, FL

1-16 MOO757500A  KNOB, JOG

1-17 MDO757600A  KNOB, SHUTTLE

1-18 $£95074501A  PCB ASSY. RF AMP

1-21 +5783613008  SCREW, C-TITE M3X8 (BLK NI)

1-22 +5800612400  SCREW, BONNET M3xs

1-23 35783033006  SCREW, BIND S-TITE M3X6

1-24 $5780222004  SCREW, FLAT M2X4 (BLK NI)

1-25 #30005020  SCREW, PPAB 2XSFNI

1-26 5780002004  SCREW, BIND M2X4

1-27 #5783804008  SCREW, BIND C-TITE M4X8 (BLK NI)

1-28 #5783543008  SCREW, BIND P-TITE M3X8 (BLK NI)

INCLUDED ACCESSORIES

REF. NO. PARTS NO.  DESCRIPTION | REMARKS
+D00410800A  OWNER'S MANUAL, JAPANESE [J) i
0004109004  OWNER'S MANUAL, ENGLISH [EXCEPT J) .
5740004100  MOUNT SCREW KIT, DX-2D
+E00454900A  REMOTE CONTROL UNIT, RC-D45 [J)

31
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EXPLODED VIEW-2 ~
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| O EXPLODED VIEW-2

' DA-40

REF. NO. PARTS NO.  DESCRIPTION REMARKS
2] A 5317003400  BUSHING, 2271 [J.E K, UK, A
A 5317005600  BUSHING, 2272 [US/C]
2~ 2 A 5350015200 AC CORD, MP-220 [J]
A\ E00526500A4  POWER CORD [US/C]
A E005288004 POWER CORD [E]
A E004233004  POWER CORD, 3A 250V [K]
A E001208004  POWER CORD, 5A W/PLUG [UK]
A 5350018200 AC CORD [A)
2- 3 $M00736501C  REAR PANEL, B
2- 4 $£950745004  PCB ASSY, 1/0
2-5 00TSS5004  BRACKET, TRANSPORT
2- 6 A TO04535004  TRANSFORMER, POWER
2- 7 HO0E2300 SPACER, STBS-10U
2-8 5350742014 PCB ASSY, PONER [J]
%. $£ISITLZ11A PCB ASSY, POWER [US/C]
$£350742414  PCB ASSY, POWER [E. K, UK)
$£35074261A4  PCB ASSY, POWER [A]
-9 $3301406000  BASE, TRANS
-10 #O0TS5300A  BRACKET, PS
1 SO0TS5400A  FRAME, CENTER
2-12 $3785713000  CLIP, HARNESS 3. 0X9. 1X50
2-13 $£35074400A  PCB ASSY, MAIN
2-14 $£00445700A  FLAT CABLE, CUJ(1.O)-11F
2-15 $S00445300A  FLAT CABLE. CUJ(1. 0)-26F
@ 2-18 $E00445800A  FLAT CABLE, CUJ(1.0)-17F
2-1 $£00525200A  FLAT CABLE, CUJL. 0-7F-200
2-18 £3787030800  SUPPORT, PCB PS-8NS
2-19 S00756200C  CHASSIS, MAIN
2-20 $£507T200A  PCB ASSY, HP
2-21 S007T56300A  BRACKET, HP
2-22 $£35074300A  PCB ASSY, SW AC
2-23 $M00TE09008  BRACKET, FRONT CHASSIS
2-24 SO0TS8300C  CHASSIS, FRONT
h’ 2-25 MOOTS7300A  ROD, EXTENTION
2-26 WODOO7S00A  BUTTON, C
2-21 SO0SL48004  SPACER, FRONT A
2-28 $£350770014  PCB ASSY, FRONT
2-29 MOO7S7400A4  KNOB, VOL
2-30 MODTSTT00A  KNOB, SLIDE
2-31 $5504578000  FOOT, 19L
2-41 $5783633006  SCREW, BIND S-TITE M3X6 (BLK NI)
2-42 $5801535400  SCREW, DSUB LOCK M2. 6X0. 45
2-43 £5783543008  SCREW, BIND P-TITE M3X8 (BLK NI)
2-44 $5783033006  SCREW, BIND S-TITE M3X6
2-45 $5783073006  SCREW, PAN CUP S-TITE M3X6
2-46 $5783034006  SCREW,BIND S-TITE MdX6
2-47 $5783034020  SCREW, BIND S-TITE M4X20
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EXPLODED VIEW-3
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\)’ EXPLODED VIEW-3

DESCRIPTION

REMARKS

REF. NC. PARTS NO.
3-1 $5761817100
3-2 5761816801
3~3 #V000200004
3-4 *5761688400
35 5761815001

V000850
5761816701

3_
3-12
3-13
-14
9 "
. V000135004
- 757213300
= +5TE1852100
3-19 VOO0251 004
3-20 (000341004
3-21 $5751817500
-22 SWVOD0EES00A
3-23 5751813500
3-24 +=TE1817200
@ 3-25 751816901
3-26 <751815000
3-27 HO00R4500A
3-28 V00E4500A
3-29 5751889500
3-30 000208004
3-31 ¥ITD03L400A
3-32 ¥000152008
3-33 VOO083700A
\, 3-34 000754004
3-35 000755004
3-36 5751809500
3-37 +37TE5720400

W LUMIRROR C, 3.5X0.25 FJ123-22
GEAR DRIVE, 5D168-21

¥ PORI, 4.1X0. 25

W LUMIRROR, FJ123-14

GEAR TIMING, SD169-21

BELT DRIVE, SF117-12

GEAR PULLEY, SD170-21

SCREW,PAN 1 2.0X2.0 NI FG121-16
MTR BLK, 85255019

HOLDER BLK

SCREW, PAN 2.6X10 ZN UG1SW-11
BUSHING TRAY, SD164-21

HOLDER CASSETTE, SD182-21
SCREW, PAN 2.6X5 2N FG114-14
PACK GEAR, SD167-21

HOLDER BASE BLK
SPRING, S5K142-11
PUSH RIVET

BELT DRIVE, SF118-12
SENSOR BLK, $7585035

SCREW, PAN 2. 0X5 ZN FG114-23
PCB CTL BLK, 57375036

SCREW, PAN TT 2.0X4 ZN

SCREM, PAN 2. OX8 ZN FG114-22
GEAR CRANK, SD172-21

W LUMIRROR C,2.6X0.25 FJ123-21
W LUMIRROR C, PLATE L. SC307-51
SENSOR BLK, 57585038

SCREW, 2X6  UG12H-11

SCREW, PAN TT M2. 6X5

SIDE PLATE R, SC306-51
CYL ASSY BLK

STATOR BLK, T5245027
POST

HS HIRA, M2, 0X3

SCREW,PAN 1 1.7X2.5 NI UGTIBK-12
CABLE TIE, 08432
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EXPLODED VIEW-4

L p—

A
<
<

%m

D
9
®

\ @

1

\

ﬂ/ﬁ'\ﬂi A./!._.
g >

36



EXPLODED VIEW-4

REF. NO. PARTS NO.  DESCRIPTION REMARKS
4-1 ¥¥000114004 W LUMIRROR, 1230025

4- 2 VO0016800A  SP BT

4- 3 VODO16100A  ARM BT

4- 4 #V000119004  SCREW, PAN #0 M1.7X2.5
4- 5 ¥00018600A  BAND BT ASSY

4- B V00016900  SP LEVER BT

4- 7 V00015800A  LEVER BT

4-8 V000163004 LEVER CAM BT

4-9 V00017300C  CAM MODE, SN164-14

4-10 V000712004  GEAR MODE, SN173-14

4-11 VODO18800A  SW MODE

4-12 V000705004  ARM SU BRAKE, S7129-13
4-13 V000132008  LEVER LDG BLK, 56825030
4-14 VO0018200A  REEL ASSY

4-15 V000183004  REEL ASSY

4-16 #5761839400 W POLY,2.1X0.25 FJ111-18
4-17 V000172004  SP SU REEL

4-18 *5761806200 W LUMIRROR C, 0. 9X0. 25
4-19-1 ¥00018100A  TU ASSY

4-19-2 Y000190004  TU ASSY

4-20 *5761806000 W POLY, 1. 4X0.25 FJ111-16
4-21 ¥000166004  SP IDLE

4-22 v000184004  GEAR IDLE

4-23 Y0Q017900A  PULLEY CENTER

4-24 *V000B69300A W RUMIRROR, 2. 1X0.3

4-25 V000167004  SP BRAKE

4-26 %V000156004  PLATE CAM

4-27 #Y00016200A  CAM (DLE

4-28 Y00017000A  SP PLATE CAM

4-29 *V000695004  CHASSIS BASE BLK, 56125025
4-30 #5761690100  SCREW, TAP-TITE UG12R-11
4-31 ¥000697004  PUSH S, UE20J-11

4-32 : V000164004  SPACER 1D, (L)

4-33 £5761813600  SCREW, PAN TT 2.0X4 N
4-34 V000165004  SPACER 1D, (R)

4-35 3Y000834004  SENSOR BLK, S7585037
4-35-1 $V000141004  GP2504

4-36 $Y00015700A  BKT CAP

4-37 £V000592004  BEARING, THRUST FM177-33
4-38 V000192004  BELT CAP, SF122-1

4-39 V000710004  ROLLER GUIDE, 50132-11
4-40 V000334004  BASE INC IN

4-41 V000144008  BASE INC OUT

4-42 +V00011600A  SCREW, PAN #0 M1.7X10
4-43 V000115004 W LUMIRROR, 1. 4X0. 25
4-44 VO0D17400A  ARM GEAR

4-45 v00012000A  LINK LDG BLK

4-48 *V0ODOT11700A  SCREW, PAN M1.7X3.5

4-47 VOOO17500A  ARM L1, (IN)

4-48 V000122004 LINK LDG BLK




EXPLODED VIEW-4

REF. NO. PARTS NO.  DESCRIPTION REMARKS
4-49 Y00O17600A  ARM L1, (OUT)

4-50 Y00083600A  CYL ASSY, CYKF2WB04A
4-51 *Y00017100A  SPRING, TG-R

4-52 ¥000160008B  TG-R

4-53 V000146004  ROTOR BLK

4-54 *V00014900A  FRANGE CAP

4-55 V00070300  WORM WHEEL, SN170-12
4-56 V000704004  CENTER GEAR, SN171-12
4-57 V00013300C GEAR LDG BLK, 57295018
4-57-1 V000256008  LDG MOTOR, S¥131-11
4-57-2 V00025700B  MOTOR PULLY

4-51-3 V00025800B  GEAR ASSY

4-58 V000135008  BELT LDG

4-59 V00014800B  SENSOR MR, EZ71B-00
4-60 V000127004  LEVER LDG BLK

4-60-1 ¥000128004 PINCH ROLLER

4-61 #V000118004  SCREW, PAN #0 M1. 4X2.5
4-52 Y00018500B  SOLENOID, SW133-11

4-83 *Y000159004  BKT SOL

4-84 V000898004  PUSH SW, UE20J-12

4-65 V000259004  BRAKE PAD

4-66 *V00053400A W PORI, 3X70. 45 UJ16E-11
4-67 V00070600A  TERMINAL, 5PIN  UH125-11
4-68 V000560004  SCREW, M1. 2X4, UG23R-11
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POWER PCB




MAIN PCB ASSY
REF. NO. PARTS NO.  DESCRIPTION

*E950744004  PCB ASSY, MAIN

*E90074400A  PCB, MAIN

*E005332004  WIRE, MAIN 40 L=895
D301 5224015020 D, 185133T-77 FT
D302 5224015020 D, 1SS133T-77 FT
D303 5224018020 D, 185133177 FT
0304 5224015020 D, 1S81331-77 FT
J1 E0013220 JACK, RCA 4P WHT, RED
J2,3 ED047090 JACK, XLR IN NC3FAHZ
Jd, 5 E0035610 JACK, NC3MAH (XLR)
K301 5290012700  RELAY, 12V 65A-237PL
L101, 201 5347027620  FERRITE BEAD, FBROTHAS50
L102, 202 5347027620  FERRITE BEAD, FBRO7HAB50
L103, 203 5347027620  FERRITE BEAD, FBROTHASS0
L151, 251 5347027620  FERRITE BEAD, FBROTHASS0
L152, 252 5347027620  FERRITE BEAD, FBROTHA850
L301-304 5286032720  COIL, CHOKE 1.0UH K(LAP2TOVT
L401 5286032920  COIL, CHOKE 1.5UH K{LAP2T)VT
L402 5286033320  COIL, CHOKE 3. 3UH K({LAP2TIVT
L403, 404 5292808620  EMI FILTER, EMC EMT 10000PFT
L405 5286030200  COIL, CHOKE 4TUH LALO4NA
P121 E0045770 CONNECTOR, CFF5117
P131 5336255400  PLUG, CONN. BQ4B-PH-K-K (BLK)
P141 E00458560 CONNECTOR, CFF5126
P151 E0045710 CONNECTOR, CFFG111
P152 ED045670 CONNECTOR, CFF5107
P161 5336250000  PLUG, CONN. B10B-PH-K-§ (WHT)
P162 5336249200  PLUG, CONN. BO2B-PH-K-S (WHT)
P171 5336248700  PLUG, CONN. BO7B-PH-K-S (WHT)
P531 5336251400  PLUG, CONN. BO4B-PH-K-R (RED)
P541 5336249600  PLUG, CONN. BOBB-PH-K-S (WHT)
a101, 201 5231762520 TR, 2SD1915TA
R159, 259 RO076210 VAR RES, RKO9K1110-20KB
R169, 269 RO0330900A  RES ARRAY, EXBF11L668FP
U101, 201 5220431800  [IC, NES532AN
U102, 202 50000170 |C, NJM2100D
U103, 203 5220431800  IC, NE5532AN
U104, 204 5220431100 IC, NJM55328
U301 50029074 IC, ADC AK5351-VF
U302 50029084 IC, DAC AK4321-VF
U303 5232255920 TR, DTC143X5A
U304 5232255720 TR, DTC124ESA
U305 13447952 IC, NJM7805FA
U306 5232254720 TR, DTAT14ESA
U401 50024023 IC, CXD2607B0
402 50024254 |C, SRAM SRMZBZ565LMX70
U403 5220103800  IC, TC74HCT57AF-TP2
1404 5220093500  IC, TCTAHCO4AF-TP2
U405 50024873 IC, UPDT840316C-8BT
U406 E0046370 SOCKET, 1C160-0324-350

MAIN PCB ASSY

| DA-40

REF. NO. PARTS NO.  DESCRIPTION

U406 S003320004  IC, SYSTEM ROM M27C1001-12C1
U407 50021454 |G, HD74HC5T3FPEL

U408 50033414 |C, MI3C46-MNBT

U408 5220116300  IC, HDT4HC126FP

U410 S00314300A  IC, UPD7B054GC~A25 V1. 00
U4t 5220118700  1C, M51957BFP

X401 £0046350 RESONATOR, 22. 5792M

X402 E0046330 RESONATOR, 49. 152M

X403 £0046340 RESONATOR, 37. 632M

X404 E0036630 RESONATOR, 16. D0OMHZ
X405 5347012000  OSC, CERAMIC CST4, 19MGR

SHUTTLE PCB ASSY

REF. NO. PARTS NO. DESCRIPTION
*E95077100A  PCB ASSY, SHUTTLE
*ES00771004  PCB, SHUTTLE

J841 £00446700A  HARNESS ASSY, SHUTTLE

S101 £0000460 ENCODER, SRGPHJ

SW AC PCB ASSY

REF. NO. PARTS NO.  DESCRIPTION
$£95074300A  PCB ASSY, SW AC
*£900743004  PCB, SW AC
601 A E0022570 SPK KILLER, 0. 0047UF/250¥
1 E004462004  HARNESS ASSY, SW AC
S1 A 5300060700  SW, PUSH SDDLD1248A
FRONT PCB ASSY
REF. NO. PARTS NO.  DESCRIPTION
*E95077001B  PCB ASSY, FRONT
*EQ0077000B  PCB, FRONT
*5555590000  PLATE A, EARTH
*MOO757000A  BRACKET, vOL
*MOGTE10008  BRACKET, FL
*MO03236004  SHEET, ADHESIVE
D1, 4 50029152 LED, LN38GPX (GRN)
D2 50030662 LED, LN4BYPX ANV}
03 50029141 LED, LNZ8RPX (RED)
05-33 5224015020 D, 188133777 FT
P41l E0D46130 CONNECTOR, CFF3326
P431 5336287500  PLUG, CONN. S5B-PH-K-S (WHT)
P451 5336249600  PLUG, CONN. BOBB-PH-K-5 (WHT)
P481 5336249800  PLUG, CONN. BOBB-PH-K-5 (WHT)
a2 5232254720 TR, DTAT14ESA
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FRONT PCB ASSY HP PCB ASSY .
REF. NO. PARTS NO. _ DESCRIPTION REF. 0. PARTS NO.  DESCRIPTION
RIT.12 5242132300 R ARRAY, EXB 207E223) XE95077200A  PCB ASSY. HP
$2, 3 5300817300  SK, SLIDE 1-2 N SSSUOT $EQ0077200A  PCB, HP
54 E0052690  SH. SSSUO13-POST $5555500000  PLATE A, EARTH
S5 5300917300 SW,SLIDE 1-2 N SSSuD1 #E00447000A HARNESS ASSY, HP
56 E0042960 SW, SSSU042 (L=6) N 5330012600  JACK, 3P FJ332DB-M
57-28 E0047272 SW, EVQ21509K L101, 2 5286032720  COIL, CHOKE 1.0UH K(LAP2TOIVT
N 50018723 I1C, MBBO0AFP Rl RDOTE20004  WAR RES, RKO9L12B0-20KAX2
02 E00423800A  IND TUBE, BJ622GK R301.302 A ROO3ST41  R.1/2W 10 OHM J FT
u3 5220066700 |C, HDT4HC14P U1 5220427900 1C, M5216L
VA1, 2 RO085631 VAR RES, RK11K114 (20KA)
SERVO PCB ASSY
/O PCB ASSY REF. NO. PARTS NO.  DESCRIPTION
REF. NO. PARTS NO.  DESCRIPTION 9507301 P 53T SEAD N
SE95074600A  PCB ASSY, 1/0 +E90073500A  FCB, SERVO
XES0074600A  PCB, 1/0 D51-53 S0021344 D, RB1BOL-40
D501 50028912 D, HC982 D200, 201 50028854 D, RBOSOL-40TE2S
D502 5224571801 D, ZENER RD3. 0ELZ FR L51, 52 14728449 COIL, 390UH 10%
D503-506 50028912 D HC982
L53 14728094 COIL, CHIP 22UH 5%
J501 5330016100  JACK, 3P P102 E0032154 CONNECTOR, 52271-2490
1502 5334079900  SOCKET, CONN. 15 DSUB P103 13124433 CONNECTOR, ZH 68-7R
J503 E0046180 JACK, YKC21-3627 P104 E0023650 CONNECTOR, 11FE-ST-VK-N
1504 E0020230  JACK.RCA PIN J(ORG) PI05 £0023630  CONNECTOR. 15FE-ST-VK-N
1505 EO047090  JACK. XLR IN NC3FAH2
P210 £0042184  CONNECTOR, 52271-1790 .
J506 EO035610  JACK, NCIMAH OXLR) P230 5335249400  PLUG, CONN, BO4B-PH-K-S(HHT)
L501 5292807920 EMI FILTER, EMC EMT 47PFT P260 13124021 CONNECTOR, 4P S4B-ZR
1502 5292808620 EMI FILTER EMC EMT 10000PFT P300 £0023630  CONNECTOR. OQFE-ST-VK-N
503-509 5292808020 EMI FILTER EMC EMT 100PFT 052 S0017904 TR, 25D992K-7-E2
L510 5202808620 EM! FILTER EMC EMT 10000PET
Q53 5230020200 TR, 2SA1314B-TE12L, C
L511-514 5347027620 FERRITE BEAD, FBROTHA850 054, 55 13428276 TR, DTA114EKAT-146
L515 5292807920 EMI FILTER, EMC EMT 47PFT 056 13428286 TR, DTC114EKAT-146
516, 517 5347027620 FERRITE BEAD, FBROTHASSO 057 5230020200 TR, 25A13148-TE12L, C
L519, 520 5347027620  FERRITE BEAD, FBROTHABS0 058 13428285 TR DTC114EKAT-146
L522 5202808620 EMI FILTER, EMC EMT 10000PFT .
R62-64 ROOGT464  RES ARRAY,1/16W 4X47K J
P511 ED045T10 CONNECTOR, CFF5111 R74 A R0034901 RD,1/2W 1.0 OHM J FT
512 F0045670  CONNECTOR CFF5107 R200, 201 ROOG7464  RES ARRAY. 1/16W 4X4TK J
0501 5232255620 TR, DTC114ESA um 50000974 1C, NJM3403AY (TET)
R508 5242118900 RES ARRAY, RMLS 8J223 Us1 5220451100 IC, LB1638M TP-T2
R509 5242118400  RES ARRAY. RHLS 4J103
Us2 S0033530 IC, CXP87532-1XXR V1.01
501 5320046300  TRANS, PULS TC-1027-04 153 50028864 1C. SNTALVIAAPH-EL
U501 S0029250  1C. 1R3T24 U54 S0033414 1. MO3CAE-MNGT
1502 13442774 1C. SNTALS147N 081 5220448800 1C. LB110M
503 13441784 1. SNTALS1 45N U101 5220448900 1€ LB18SIM
U504 5220051600 |C, TCT4HCOOAP
021 S0024104  IC, LB1832V
U505 5220040900 1, UPDTAHCUOAC 1200 5220449000 1C. LB1836M
U506 S0026710 G MEM34050P
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RF AMP PCB ASSY

REF. NO. PARTS NO.  DESCRIPTION
*EQ5074501A  PCB ASSY, RF AMP
*E900745004  PCB, RF AMP
+M0O7571004  SHIELD CASE, A

L1 14728094 COIL, CHIP 22UH 5%

L2 14728102 COIL, CHIP 100UH 5%

L3 14728094 COIL, CHIP 22UH 5%

P601 E0034094 CONNECTOR, S6BZRSM3ATF

P611 EQ027734 CONNECTOR, S12BZRSM3ATF

P624 £0034074 CONNECTOR, S4BZRSM3ATF

Ql 13428288 TR, DTC144EKAT-146

a3 13428288 TR, DTC144EKAT-146

Qs 13427337 TR, 25C2412K

an 13428288 TR, DTC144EKAT-146

R5. 8 R0066284 VAR RES, EVM3VSX50B53

] 50024084 IC, CXA1364R

POWER PCB ASSY

REF. NO. PARTS NO

DESCRIPTION

*EQ5074201A
*E35074211A
$EQ5074241A
*E95074261A
*E900742008

x5800501502
%5780003008
*5786700400
¥56565690000
*E0034560

#MO0B69500A

*MO08BIBO0A
€3 A 5260424910
] A 5260424320
C7-10 A 12908842

Ci2 A 12908842

Ci4 A 5260428110
Ci5 A 5260426410
C17,18 A 5260476910
(24,25 A 5260473420

ce7 Ay 5260423420
c31 A 12508842

C602,603 A E0022570

01-3 A 5224013200
D4 5224573401
D5 5224573801
D6 A 5228010700
07 A\ 5228013400
D8 A 5224573001
09 A 5224015020

PCB ASSY, POWER [J]

PCB ASSY, POWER [US/C]
PCB ASSY, POWER [E, K. UK]
PCB ASSY, PORER [A]

PCB, POKER SUPPLY

HEATSINK

SCREW, BIND M3X8

EARTH LUG,B-4 3.2¢ [US/C]
PLATE A, EARTH

CLIP, FUSE HO446 [E, K, UK, A]

SHIELD COVER [E, K, UK, A]
WASHER [E, K, UK, 4]

C, ELEC. 220UF 50V

C, ELEC. 10DUF 50v

C.CC 0.1UF 50V

C.CC 0.1UF 50V

C.ELEC. 4700UF 16V
C, ELEC. 1000UF 16V
C, ELEC. 3300UF 25V
C, ELEC. 100LF 25V

C, ELEC. 47UF 16V

C.CC 0.1UF 50V

SPK KILLER, 0. 0047UF 250V
D,DS135 D FR

D, ZENER RD33EL1 FR

0. ZENER RD6. 2EL2 FR
SILICON STAC, STWB(A)20
SILICON STAC, D3SBA20
D, ZENER RD4. TEL3 FR

D, 188133T-77 FT

POWER PCB ASSY

| DA-40

REF. NO. PARTS NO.  DESCRIPTION

F1.2 A\ 5142185000 FUSE.MINI T-LAG 630MA 250V
[E. K, UK. A]

F3 A 5142180000  FUSE,MINI T-LAG 2. 54 250V
[E K, UK, A)

Fé A 5142180000  FUSE,MINI T-LAG 125MA 250V
(E, K. UK, AJ

LEO! A\ 5292806300  FILTER. NOISE FKOB1GMH13

Pl 5336376200  PLUG, CONN. B2P3-VH

P2 E0046660 CONNECTOR, MPSS156-3-€C

P311 5336255400  PLUG, CONN. BO4B-PH-K-K(BLK)

P320 5336249400  PLUG, CONN. BO4B-PH-K-5

P341 5336249500  PLUG, CONN. BOSB-PH-K-S(BLK)

P351 5336251400  PLUG, CONN. B04B-PH-K-R(RED}

Qi 50028932 TR, 25C5395F

Q2 A 5145085000 TR, 25A934 R

03 /A 50017100 TR, 25B1565E

04 A 50017110 TR, 2502394E

03. 4 5730039200  HEATSINK, OSH-2425-SPL

05 5145085000 TR, 25A934 R

R1S A R0085621 RW, 3W 3.3 OHM J

n A 5220425800  1C, M5230LA

uz2 A 50000180 IC, LM2940T-9.0

u3 A 13447952 IC, NJMT805FA

ud 50030861 TR, DTC144TSA TP

us A 13447952 IC. NJMT805FA
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DA-45HR Remote Control Code MODEL: RC-D45

KEY No. [Function DATA |[|KEY No. [Function DATA
K1 0 K33 40
K2 1 K34 AUTO ID 41
K3 2 K35 MENU 42
K4 OPEN/CLOSE 3 K36 43
K5 4 K37 MARGIN RESET 44
K6 5 K38 DISPLAY 45
K7 6 K39 SINGLE PLAY 46
K8 7 K40 REPEAT 47
K9 CAPS 8 K41 SP-1 48
K10 CHECK 9 K42 CURSOR - 49
K11 POSITION A K43 CURSOR ® 4A
K12 ID SELECT B K44 4B
K13 INS/+ C K45 4C
K14 DEL /- D K46 4D
K15 EDIT E K47 AE
K16 ENTER F K48 4F
K17 10 K49 SKIP << 50
K18 11 K50 SKIP >> 51
K19 12 K51 MEMO 1 52
K20 13 K52 MEMO 2 53
K21 1/ABC 14 K53 REW 54
K22 2 /| DEF 15 K54 F FWD 55
K23 3/ GHI 16 K55 LOC1 56
K24 COUNTER MODE 17 K56 LOC 2 57
K25 4 | JKL 18 K57 STOP 58
K26 5/MNO 19 K58 PLAY 59
K27 6/PQR 1A K59 PAUSE 5A
K28 CHAR 1B K60 RECORD 5B
K29 7/STU 1C K61 5C
K30 8/ VWX 1D K62 SAMPLING MONITOR 5D
K31 9/YZ& 1E K63 REC MUTE 5E
K32 SKIP PLAY 1F K64 5F

NEC format Custom code = 8371 h

JACK: 3.5 STEREO PHONE JACK
TIP  :3V power supply for remote controller
RING :control signal
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No. 0010

TASCAM DA-45HR, Heat Sink DATE 26th April 2000

Symptom: Small jitter components will be added on the digital output momentarily at the beginning
of PLAY, REC/PLAY, EJECT or tape loading. Some machines receiving this digital
output may get out of synchronization.

Example:
* TM-D8000's Fs STATUS will show "UNLOCKED" momentarily.
* Sonic Solution will take about 10 seconds to re-lock.
Cause: The power supply fluctuates dightly at the beginning of the drum motor rotation.
Solution: On the Power Supply PCB, short R19 (3.3 W) and replace the heat sink with enlarged one.

Short R19 by inserting ajumper wireto W10.

Replace the original heat sink with
Heat Sink, 45HR P/No. M011542-00A

There is no production which have the new heat sink as of 20/Apr/2000.

4A3334
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No. 9928
TASCAM DA-40, DPG (Delay PG) Misread DATE 22nd October 1999

Phenomenon: No output or noise can be heard with self-recording/playback. No problem on
playback with tapes recorded by other machines.
Cause: In very rare occasion, DPG (delay PG) value stored in the EEPROM (U54 on Servo PCB
Assy) is misread causing faulty recording position.
Solution: 47 kW pull-down resistor has been added to U54-2 and 5 on the Servo PCB Assy on the
products with SNo. 0040171 and higher.
Note: DA-45HR does not concern this phenomenon.

47 kKW resistor, P/No. 52400322-20

Servo PCB Assy
Components Side

|
c
o0
8 5
U54
Add 47 kW resistor between pin 2 and 5.
1 4

4A2994
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No. 9927

TASCAM DA-40, ROM Upgrade (SYS V1.10) DATE 22nd October 1999

System ROM, U406 on the Main PCB Assy has been upgraded from V1.00 to V1.10 on the
products with SNo. 0060001 and higher.

P/No. (PGMed ROM) P/No. (Blank ROM)

SYSV1.10 S003320-00B S0001133 (M27C1001-12C1)

* Use the PLCC 3232-11 (Advantech) ROM adapter to program the M27C1001-12C1.
This ROM Adapter is the one being used for RC-898 (CONT) ROM.

Problem Corrected by V1.10

1) Ready to write the START ID. Start audio recording. Press ENTER immediately then the unit
will freeze.

2) Renumbering during LP mode. The first START ID is renumbered correctly (300 frames).
However, other START ID's are recorded wrongly (600 frames).

3) LOC2 does not work during REPEAT A-B mode.

4) LOC1 and LOC2 do not work during FFWD, REW, CUE and REVIEW.

5) When locating, mechanism mode transits to capstan driving mode near the locating point. In that
case, pressing PLAY cannot reserve PLAY mode but stops at the locate point.

6) When the unit cannot find target program number due to that the program number is
discontinuous, the unit goesto PLAY mode on adjacent program. This behavior has been
changed that the unit stops when the target is not found.

4A3033
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No. 9920

R-9/10/, DA-30/30MK2/40/45HR, False Cassette Loading DATE 3rd September 1999

Symptom: When atape is loaded, a machinedoes not accept it and gjects a cassette automatically.

Cause: Total length of (cassette shell + opened lid) is dightly longer than usual. When such cassette
isloaded, Cassette IN Switch cannot be activated.

Solution: Slightly bend alever for the Cassette IN Switch as shown below.

Note:
1) Cassette IN Switch islocated at No.73-22-04, Fig. 3-17, page 14, DA-30MK 2 service manual.
2) This symptom has been confirmed in Japan with following tapes.

maxell R-120DM / TDK R-120/ 3M R-120/ KAO

Bend the lever dightly.
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No. 9909

TASCAM DA-45HR, ROM Upgrade (SYS V1.30) DATE ~ Oth April 1999

System ROM, U102 on the Main PCB Assy has been upgraded from V1.10 to V1.30 on the
products with S/No. 0090001 and higher.

P/No. (PGMed ROM) P/No. (Blank ROM)

SYSV1.30 S003157-00D S0001133 (M27C1001-12C1)

* Usethe PLCC 3232-11 (Advantech) ROM adapter to program the M27C1001-12C1.
This ROM Adapter is the one being used for RC-898 (CONT) ROM.

Problem Corrected by V1.30

1) Ready to writethe START ID. Start audio recording. Press ENTER immediately then the unit
will freeze.

2) Set dd mode. The DA-45HR is now recording AES/EBU signal. Digital out of the CD player is
also fed to COAX input. START ID is recorded erroneously when the program number of the
CD isincremented.

3) When SKIP is pressed many times rapidly, some SKIP commands may be missed.

4) LOC2 does not work during REPEAT A-B mode.

5) LOC1 and LOC2 do not work during FFWD, REW, CUE and REVIEW.

6) When locating, mechanism mode transits to capstan driving mode near the locating point. In that
case, pressing PLAY cannot reserve PLAY mode but stops at the locate point.

7) When the unit cannot find target program number due to that the program number is
discontinuous, the unit goesto PLAY mode on adjacent program. This behavior has been
changed that the unit stops when the target is not found.

8) Originaly, STANDARD and HR mode cannot be mixed on one tape. Warning message will
appear if the operator attempts that. However, following procedure will mix them illegally
causing half or double speed sound.

1. Load atape stripped with standard mode.
2. Enter Rec/Pause mode.
3. Change the Rec mode switch to HR(24BIT).
4. Start recording. No warning appesars.
5. Rewind and reproduce the recorded portion. Mechanism runs at the standard speed and
the half speed sound can be heard.
* By the same manner, standard mode recording can be mixed on the tape stripped with HR
mode. In this case double speed sound can be heard on playback.

4A2991 4A3045
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TECHNICAL INFORMATION

. . No. 9905
TASCAM DA-45HR, Fan Noise Suppression SATE 5 March 1995

In case the customer requests to lower the fan noise, applying Bracket Kit, Fan DA-45HR is
suggested.

Bracket Kit, Fan DA-45HR  P/No. V000866-00A

This kit consists of following parts:

Description Q'ty
Harness Assy, Fan Kit
Bracket, FAN A

Bind M3" 6

Bracket, FAN B

Pin, Step

Damper

ﬁ

Shrink Tube 33W

AR DR PR

Changes made with this kit are:

1. Insert series 33 Wresistor to reduce the driving voltage of the fan.
P See page 2 for the details.

2. The fan is mounted horizontally and isolated from the chassis by dampers.
P See page 3 for the details.

4A2970
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| Reducing the Driving Voltage

According to Tech-Info No. 9904, wiring between the Power PCB Assy and the cooling fan have
been changed on the products S/No. 0070001 and higher. Therefore, procedure to insert 33 W
resistor differs depending on the products serial humber as following.

DA-45HR S/No. up to 0069999
Insert the Harness Assy, Fan Kit between the Power PCB Assy and the fan.

Power PCB

Harness Assy, Fan Kit Fan

S -— E:@:E — E:+: ?Pj

DA-45HR S/No. 0070001 to 0089999.

Take out 33 Wresistor from the Harness Assy, Fan Kit. Or, use an equivaent 33 W(1/4W) resistor
such as P/No. 51814460-00.
Cut the original red wire and solder 33Wresistor there. Cover them with shrink tube.

Power PCB

i e +(@

DA-45HR S/No. 0090001 and higher.
Bracket Kit, Fan DA-45HR has been mounted.

The 33 Wresistor is mounted across a cut foil on the Power PCB Assy.
The resistor will be regularly mounted on the PCB in the future production.
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| Isolating the cooling fan from the chassis

Note:
Originally the cooling fan is fixed by 4 pcs of M3~ 30 screws. On the procedure below, abandon 2
pcs of them and use 2 pcsof M3~ 6 included in the kit.

Bracket, Fan A

T~ Main Chassis
1
/ H
S
A!\.\‘\
/'-} .
7 s
\-\ \“s(_ T~
sl >
.\.\ /' '/ TN~ /'/
~ / .
2 pcs M3x30 E : Vs
iai /
(Original) : . " gy
I, ' 2 pcs M3x6

Do not use a screw longer than 6
mm otherwise the screw touches the
fan causing vibrations.

ﬁ 4 pcs Pin, Step

/,
:/'

/

@ 4 pcs Damper

Bracket, Fan B
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No. 9904

TASCAM DA-45HR, Change of Cooling Fan DATE 5th March 1999

To improve the productivity, cooling fan and Power PCB Assy have been changed on the products
S/No. 0070001 and higher.

old New

Cooling fan E005067-00A E0051380

Power PCB Assy | E950742-00A [J] E950742-00B [J]
E950742-10A [US/C] E950742-10B [US/C]
E950742-40A [E, K, UK] E950742-408B [E, K, UK]
E950742-60A [A] E950742-60B [A]

Note: Old and new fan are completely same except that the old fan has lead wires soldered on the
PCB and the new one has a plug-in connector.

Old style
Power PCB Assy and cooling fan are connected with ajunction connector.
Power PCB Old Fan
Junction Red +
® i I ®
° | Black — =

k__ Soldering at Soldering 7 ‘

Solder side at terminal

New style
Power PCB Assy and cooling fan are connected with connectors.

Power PCB New Fan

+
i =1
N_ Connector at Connector J

parts side

Note: ACAATEL
Only the new cooling fan is available for the spare part. Adk S

When the new cooling fan is fitted to the old unit,
remove the original wires from the old cooling fan
and then solder these wires to the terminal of the
new cooling fan as shown.

4A2761 4A2762
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No. 9851

TASCAM DA-45HR, Service Manual Correction DATE _ 18th December 1998

Corrections are required on the service manual (P/No. D004642-00A) as shown below.

X

@)

Page 36
Page 38

EXPLODED VIEW-3
EXPLODED VIEW-4

EXPLODED VIEW-4
EXPLODED VIEW-3
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No. 9844

TASCAM DA-45HR, ROM Upgrade (SYS V1.10) DATE 200 Noverher 1568

System ROM, U102 on the Main PCB Assy has been upgraded from V1.00 to V1.10 on the
products with S/No. 0070001 and higher. New feature has been added.

P/No. (PGMed ROM) P/No. (Blank ROM)
SYSV1.10 S003157-00B S0001133 (M27C1001-12C1)
*Use the PLCC 3232-11 (Advantech) ROM adapter to program the M27C1001-12C1.
This ROM Adapter is the one being used for RC-898 (CONT) ROM.

Additional Feature
1) “DD” mode has been added in the menu of Auto ID level newly.

This alows the automatic recording of Start IDs based on the digital data from digital audio devices
like CD or DAT machine through digital input coaxial connector.

Refer to supplement owner's manua P/No. D004600-00A attached.

4A2862




TASCAM DA-45HR

A new setting has been added to the Auto ID level menu (3.2, “Auto ID level”).
This allows the automatic recording of START IDs based on the digital data received from digital audio
devices connected through the DIGITAL INPUT COAXIAL [34] connector.

The menu options are now: -48dB, -54dB, -57dB, -60dB and dd. The dd setting detects the start of a
track, as determined by the digital subcode, as opposed to the start of the audio material (the two may
not be identical).

If a DAT deck is connected to the DA-45HR through the COAXIAL interface, the START IDs and SKIP
IDs on the source deck are transferred over the coaxial connection and recorded on the DA-45HR.

If a CD player is connected, when the start of a track is read, a START ID is written on the DA-45HR with
the same program number as the track number on the CD player.

Note that if an analog connection is made between the DA-45HR and a CD or DAT recorder, and
recording is carried out through the analog connections, even if dd has been selected, the Auto ID level is
automatically set to -54dB. This is also the case if a digital device other than a DAT recorder or a CD
player is attached to the DA-45HR.

NOTE

® When recording in HR mode from a DAT recorded in standard (non-HR) mode, the start ID (normally 9
seconds in length) will be recorded at double speed (i.e. 4.5 seconds). Skip IDs (normally 1 second) will
likewise be at double speed (0.5 seconds).

® CD tracks of less than 18 seconds may not have their corresponding START IDs recorded properly.
In order to ensure accurate program searching, a gap of at least 9 seconds should be left between the
end of one START ID and the beginning of the next.

TEAC CORPORATION
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J i -V @] TECHNICAL INFORMATION
No. 9840

TASCAM DA-45HR / DA-40, Clearing Drum Time DATE _ 29th September 1998

Strictly Confidential

Drum time can be cleared by the following procedure.

Turn the power on.

Press MENU several timesthen "Drum T "xxxx H" appears.

Insert a cassette of which a hole (3) is opened.

Wind atape to EOT (End Of Tape).

Hold STOP then press MARGIN RESET and MENU simultaneously. Then
"DrumT O0000H" appears on the display and starts counting.

O~ wWNBEF
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No. 0020

TASCAM DA-40, ROM Upgrade (MAIN V1.11) DATE 12th duly 2000

System ROM, U406 on the Main PCB Assy has been upgraded from V1.10 to V1.11 on the
products with S/No. 0190001 and higher.

P/No. (PGMed ROM) P/No. (Blank ROM)

SYSV1i1l S003320-00C S0001133 (M27C1001-12C1)

* Usethe PLCC 3232-11 (Advantech) ROM adapter to program the M27C1001-12C1.
ThisROM Adapter is the one being used for RC-898 (CONT) ROM.

Problem Corrected by V1.10

Make analog recording with a consumer DAT.

Reproduce it with DA-40.

Consumer products such as DAT or MD cannot record the SPDIF out of the DA-40 and shows
“recording prohibited”. (According to the SPDIF regulation, they should record.)

Cause of problem is that the DA-40 outputs wrong category code in the C-bit.

4A3426



ASAHI KASEI [AK5351]

AKM AK5351

Enhanced Dual bit A> 20bit ADC

GENERAL DESCRIPTION

The AK5351 is a 20-bit, 64x oversampling rate(64fs), 2-channel A/D converter for stereo digital systems.

The AX modulator in the AK5351 uses the new developed Enhanced Dual bit architecture. This new
architecture achieves the wider dynamic range, while keeping much the same superior distortion
characteristics as the conventional Single bit way. The AK5351 is suitable for digital surround and Hi-Fi

audio application such as Car-audio, MD, etc. Analog inputs of the AK5351 are normally Full-differential inputs,
while they are also acceptable Single-ended inputs.

The AK5351 is available in a small 24pin VSOP package which will reduce your system space.

| FEATURES

O Full-differential / Single-ended inputs
O S/(N+D): 97dB
O DR, S/N: 103dB
O Linear phase digital filter
Pass band: 0~22kHz(@fs=48kHz)
Pass band ripple: £0.005dB
Stop band attenuation: 80dB
O Digital HPF for DC-offset cancel
O Master clock: 256fs/384fs
O Power supply: 5V+£10%
OO0 Small package: 24pinVSOP

AGND VA VD DGND VB CMODE MCLK SMODE2 SMODE1 SCLK LRCK FSYNC
5 4 12 13 24 lza lw l15 lzs f1a 519 120
' Serial Qutput 21
ivider ——»CO SDATA
3 Clock Divide , Interface
VREF f*—— Voltage
Reference
6
AINL+ - >
17 AZ
AINL~ »  Modulator o
Digital Decimation
1 Filter
AINR > AT
AINR-O2 »  Modulator
16 "9 8 10 1 14
PO HPFE TST1 TST2 TST3 TST4
0166-E-00 1997/4
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B Ordering Guide

AK5351-VF  -40~85°C 24pin VSOP
AKD5351/2 Evaluation Board
W Pin Layout

AINR+ 1@ 24 [] vB

AINR- 2 23 [ ] sMODE1

VREF  []3 22 [ ] cmoDE

VA []4 21 SDATA

AGND []5 20 [ ] Fsyne

ANL+  []e 19 [ ] LRck

Top

an- [z 2P 18 [] scLk

TsT1 []8 17 [] mcLk

HPFE [ ]9 16| ] PD

TsT2 [ |10 15 | ] SMODE2

T3 [ 11 14 [ ] TsT4

VD []12 13 [ ] DGND

B Replacement from AK5350 to AK5351
AK5350 AK5351
Package 28VSOP 24VSOP
*)Interchangeable with AK5350
Analog Inputs Voltage +3.47Vp-p +2.10Vp-p
*)Acceptable Single-ended

fc of HPF(@fs=48kHz) 7Hz 1Hz
SCLK ~64fs ~128fs

0166-E-00

[AK5351]
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ASAHI KASEI [AK5351]
PIN/FUNCTION
No. Pin Name 1/O FUNCTION
1 AINR+ I Right channel analog positive input pin
2 AINR- | Right channel analog negative input pin
3 VREF (0] Voltage Reference output pin (VA-2.6V)
Normally connected to VA with a 0.1uF ceramic capacitor in
parallel with a 10uF electrolytic capacitor.
4 VA - Analog section Analog Power Supply, +5V
5 AGND - Analog section Analog Ground
6 AINL+ I Left channel analog positive input pin
7 AINL- I Left channel analog negative input pin
8 TST1 Test pin (Pull-down pin)
10 TST2 Should be left floating.
11 TST3
14 TST4
9 HPFE | High Pass Filter Enable pin (Pull-up pin)
"H": ON
"L": OFF
12 VD - Digital section Digital Power Supply pin, +5V
13 DGND - Digital section Digital Ground pin
16 PD | Power Down pin
"L" brings the device into power-down mode. Must be done
once after power-on.
17 MCLK Master Clock input pin
CMODE="H":384fs
CMODE="L";256fs
18 SCLK I/O Serial Data Clock pin
Data is clocked out at the falling edge of SCLK.
Slave mode: 64fs clock is input usually.
Master mode: SCLK outputs a 64fs clock.
SCLK stays low during the power-down mode(ﬁ:"L").
19 LRCK I/0 L/R Channel Clock Select pin
Slave mode: An fs clock is fed to this LRCK pin.
Master mode: LRCK output an fs clock.
LRCK goes "H" at SMODE2="L" and "L" at SMODE2="H"
during reset when SMODE1 "H".
20 FSYNC I/0 Frame Synchronization Signal pin
Slave mode: When "H", data bits are clocked out on SDATA.
As I’S slave mode ignores FSYNC, it should hold "L" or
"H".
Master mode: FSYNC outputs 2fs clock.
Stay low during the power-down mode(PD="L").
0166-E-00 1997/4
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21 SDATA o Serial Data Output pin

Data are output with MSB first, in 2's complement format.
After 20 bits are output it turns to "L". It also remains "L" at a
power-down mode(ﬁ):"L").

22 CMODE I Master Clock Selection pin
"L": MCLK=256fs
"H": MCLK=384fs

23 SMODE1 I Serial Interface Mode Select pin
15 SMODE2 I Defines the directions of LRCK, SCLK and FSYNC pins and
Output Data Format. SMODE?2 is pull-down pin.
SMODE1 SMODE2 MODE LRCK
L L Slave mode: MSB justified : HIL
H L Master mode: Similar to I°S : HIL
L H Slave mode: I’'S D LH
H H Master mode: I’S : LH
24 VB - Substrate Power Supply, +5V
0166-E-00 1997/4
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| ABSOLUTE MAXIMUM RATINGS
(AGND,DGND=0V; Note 1)
Parameter Symbol min max Units
DC Power Supply:Analog Power(VA pin) VA -0.3 6.0 \%
Digital Power(VD pin) (Note 2 ) VD -0.3 6.0/VB+0.3 \%
Substrate Power(VB pin) VB -0.3 6.0
Input Current (Any pin except supplies) IIN - +10 mA
Analog Input Voltage VINA -0.3 6.0/VA+0.3 Vv
AINL+,AINL-,AINR+,AINR-pins  (Note 2)
Digital Input Voltage (Note 2) VIND -0.3 6.0/VB+0.3 Vv
Ambient Temperature Ta -40 85 °C
Storage Temperature Tstg -65 150 °C
Note 1 : All voltage with respect to ground.
Note 2 : Absolute maximum value is the highest voltage in 6.0V, VA+0.3V and VB+0.3V.
WARNING: Operation beyond these limits may result in permanent damage to the device.
Normal operation is not guaranteed at these extremes.
| RECOMMENDED OPERATING CONDITIONS
(AGND,DGND=0V; Note 1)
Parameter Symbol min typ max Units
DC Power Supplies: Analog Power VA 4.50 5.0 5.50 \%
Digital Power(VD pin) VD 4.50 5.0 VB \%
(VB pin) (Note 3) VB 4.50 5.0 5.50 V

Note 1 : All voltages with respect to ground.

Note 3 : The VA and VB are connected together through the chip substrate and have several ohms
resistance. The VA and VB should be powered at the same time or earlier than VD.

* AKM assumes no responsibility for the usage beyond the conditions in this data sheet.

0166-E-00
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ASAHI KASEI

[AK5351]

ANALOG CHARACTERISTICS

(Ta=25°C; VA,VD,VB=5.0V; fs=48kHz; 20bit; Input signal frequency=1kHz,

Measurement Bandwidth=10Hz~20kHz; unless otherwise specified.)

Parameter min ‘ typ max Units
Resolution 20 Bits
Analog Input Characteristics (Analog source impedance: 330Q)
S/(N+D) (Note 4) 88 97 dB
Dynamic Range (A-weighted) (Note 5) 97 103 dB
SIN (A-weighted) (Note 6) 97 103 dB
Interchannel Isolation (f=1kHz) 100 120 dB
Interchannel Gain Mismatch 0.1 0.3 dB
Gain drift +200 ppm/°C
Input Voltage Range +1.97 +2.10 +2.23 Vp-p
Input Impedance 30 50 kQ
Power Supplies
Power Supply Current  (Note 7)
Normal Operation ~ (PD="H")
VA+VB 15 25 mA
VD 6 9 mA
Power-Down mode (PD="L")
VA+VB 20 UA
VD 10 UA
Power Consumption (Note 7)
Normal Operation 105 170 mwW
Power-Down mode 150 uw
Power Supply Rejection Ratio 50 dB

Note 4 : The ratio of the rms value of the signal to the sum of all other spectral components up to 20kHz
except for the signal (included harmonic component, excluded DC component, analog input

signal is -0.5dB). Inversed of THD+N.

Note 5 : S/(N+D) with an input signal of 60dB below full-scale.

Note 6 : When using only 20kHzLPF, S/N and DR are 99dB(typ.). When using CCIR-ARM filter,

S/N is 99dB(typ.)
Note 7 : Almost no current is supplied from VB pin.

0166-E-00
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[AK5351]

| DIGITAL FILTER CHARACTERISTICS

(Ta=25°C; VA,VD,VB=5.0V+10%); fs=48kHz)

Low Pass Filter characteristics Symbol min typ max Units
Passband -0.005dB (Note 8) PB 0 215 kHz
-0.02dB 21.768
-0.06dB 22.0
Stopband (Note 9) SB 26.5 kHz
Passband Ripple (Note 10) PR +0.005 dB
Stopband Attenuation (Note 9 ,Note 11) SR 80 dB
Group Delay Distortion A GD 0 us
Group Delay (Note 12) GD 29.3 1/fs
High Pass Filter characteristics
Frequency Response -3dB(Note 8) FR 1.0 Hz
-0.5dB 29 Hz
-0.1dB 6.5 Hz
Note 8 : These frequencies scale with the sampling frequency(fs).
Note 9 : Stopband is 26.5kHz to 3.0455MHz at fs=48kHz.

Note 10 : Passband is DC to 21.5kHz at fs=48kHz.
Note 11 : The analog modulator samples the input at 3.072MHz for a system sampling rate of
fs=48kHz. These is no rejection of input signals at those bandwidths which are multiples of
the sampling frequency (n x 3.072MHz +22kHz ;n=0,1,2,3...).

Note 12 : The calculation delay time occurred by digital filtering. This is the time from the input of

analog signal to setting the 20bit data of both channels to the output registers. GD=29.3/fs.

| ELECTRICAL CHARACTERISTICS

W Digital Characteristics
(Ta=25°C; VA,VD,VB=5.0V+10%)

Parameter Symbol min typ max Units
High-Level Input voltage VIH 70%VD - - \Y
Low-Level Input voltage ViL - - 30%VD V
High-Level Output voltage  lout=-20uA VoH VD-0.1 - - Y,
Low-Level Output voltage  lout=20uA VoL - - 0.1 \
Input Leakage Current (Note 13) lin - - +10 uA

Note 13 : Except for pull-down and pull-up pins. TST1, TST2, TST3, TST4, SMODE2 pins have internal
pull-down device, HPFE pin has internal pull-up devive(Typ. 50kQ)

0166-E-00
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B SWITCHING CHARACTERISTICS
(Ta=25°C; VA,VD,VB=5.0V+10%; C.=20pF)

[AK5351]

Parameter Symbol min typ max Unit
Control Clock Frequency
Master Clock 256fs: fcLk 2.048 12.288 13.824 MHz
Pulse width Low tCLKL 30.0 ns
Pulse width High tCLKH 30.0 ns
384fs: fcLk 3.072 18.432 20.736 MHz
Pulse width Low tCLKL 20.0 ns
Pulse width High tCLKH 20.0 ns
Serial Data Output Clock fsLk 3.072 6.912 MHz
Channel Select Clock(Sampling Frequency) fs 8 48 54 kHz
Duty Cycle 25 75 %
Serial Interface Timing (Note 14)
Slave Mode(SMODE1="L")
SCLK Period tSLK 144.7 ns
SCLK Pulse width Low tSLKL 65 ns
Pulse width High tSLKH 65 ns
SCLK Rising to LRCK Edge (Note 15) tSHLR 30 ns
LRCK Edge to SCLK Rising (Note 15) tLRSH 30 ns
LRCK Edge to SDATA MSB Valid tDLR 50 ns
SCLK Falling to SDATA Valid tbss 50 ns
SCLK Rising to FSYNC Edge(Note 15) tSHF 30 ns
FSYNC Edge to SCLK Rising(Note 15) tFSH 30 ns
Master Mode(SMODE1="H")
SCLK Frequency fsLk 64fs Hz
Duty Cycle 50 %
FSYNC Frequency fFSYNC 2fs Hz
Duty Cycle 50 %
SCLK Falling to LRCK Edge tSLR -20 20 ns
LRCK Edge to FSYNC Rising {LRF 1 tslk
SCLK Falling to SDATA Valid tDss 50 ns
SCLK Falling to FSYNC Edge tsSF -20 20 ns
Power down timing
PD Pulse width tPDW 150 ns
PD Rising to SDATA Valid  (Note 16) tPDV 516 1/fs
Note 14 : Refer to Serial Data Interface.
Note 15 : Specified LRCK and FSYNC edges not to coincide with the rising edges of SCLK.
Note 16 : The number of LRCK rising edges after PD brought high. The value is in master mode.
In slave mode it becomes one LRCK clock(1/fs) longer.
0166-E-00 1997/4
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B Timing Chart
LRCK X . tSlk — s
| tSHLR | tLRSH | tSLKL |, tSLKH
SCLK f
D e U e W e
< tDLR —| | tDss
SDATA MSB X  MSB-1 MSB-2

SERIAL DATA TIMING (SLAVE MODE, FSYNC = "H")

—7
LRCK X %
: tSHLR| tLRSH Z/
s [
| % tSHF 'tFSH
FSYNC t J ? L
DSS
—> tDLR

2 LSB+1

.

AN

SDATA ; MSB

SERIAL DATA TIMING (SLAVE MODE)

LRCK )’ é %
| —
- tSLR 7 %
s Tnt I
tSF % tsF —> %
7
<— tLRF J— % \[V%
FSYNC - FDSS % é
MSB-1 7, LsB+4 \ /X LSB
SDATA / _WMsB 1 Z S 2
SERIAL DATA TIMING (MASTER MODE)
tPDW tPDV
°P s0%v0 - Y-V
—

SDATA
POWER DOWN TIMING
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OPERATION OVERVIEW

B System clock

In slave mode, MCLK(256fs/384fs), LRCK(fs) and SCLK(64fs) are required for AK5351. Use a signal divided
from the MCLK for LRCK. In master mode, only MCLK is needed. A LRCK clock rate meets standard audio
rates (32kHz, 44.1kHz, 48kHz). In slave mode, the MCLK should be synchronized with LRCK but the phase is
free of care.

The AK5351 includes the phase detect circuit for LRCK clock, the AK5351 is reset automatically when the
synchronization is out of phase by changing the clock frequencies. (Please refer to the "Asynchronization -
reset."). When changing sampling frequency(fs) after power-up, AK5351 should be reset.

During the operation (ﬁ)z"H") following external clocks should never be stopped : CLK in master mode and
MCLK, SCLK and LRCK in slave mode. When the clocks stop there is a possibility that the device comes into
a malfunction because of over currents in the dynamic logic. If the external clocks are not present, the AK5351
should be in the power-down mode. (PD="L")

Master Clock (MCLK)
fs SCLK(64fs)

256fs 384fs
32.0kHz 8.1920MHz 12.2880MHz 2.0480MHz
44.1kHz 11.2896MHz 16.9344MHz 2.8224MHz
48.0kHz 12.2880MHz 18.4320MHz 3.0720MHz

Table 1 . System Clock

B Clock Circuit

H AKS5351 CMODE MCLK
MCLK o 2/3 o
(256fs or
384fs) ————OL ’;; 256fs L 256fs
CMODET ‘ H 384fs

AK5351 has an internal divider as shown in the above figure. The device can interface either or an external
MCLK(256fs or 384fs) by controlling CMODE pin.

0166-E-00 1997/4
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B Serial Data Interface

[AK5351]

Audio Serial Interface has four kinds of mode, it can be changed by SMODE1 and SMODE?2 pins. Data format

is MSB first, 2's complement.

Figure SMODE1 | SMODE2 Mode L/R polarity
Figure 1 L L Slave Mode: 20bit, MSB justified Lch=H, Rch=L
Figure 2 H L Master Mode: Similar to I’'S Lch=H, Rch=L
Figure 3 L H Slave Mode: I’'S Lch=L, Rch=H
Figure 4 H H Master Mode: I’S Lch=L, Rch=H

Table 2 . Serial Interface
1) SLAVE mode

An output channel is defined by LRCK. Both channel data are output in sequence, in order of the Lch first then
Rch at the rate of fs. Data bits are clocked out via the SDATA pin at SCLK rate. Figure 1 and Figure 3 shows

data output timing at SCLK=64fs. FSYNC enables SCLK to start clocking out data. The MSB is clocked out by
the LRCK edge. SCLK causes the ADC to output succeeding bits when FSYNC is high. However, as 1°S slave

mode ignores FSYNC, it should hold "L" or "H".

2) MASTER mode

In MASTER mode, the A/D converter is driven from a master clock(MCLK:256fs/384fs) and outputs all other
clocks(LRCK, SCLK). The falling edge of SCLK causes the ADC to output each bit. Figure 2 and Figure 4

shows the output timing. 2x fs clock of 50% duty is output via the FSYNC pin. FSYNC rises one SCLK cycle
after the transition of LRCK edges and stays high during 16 serial clocks(16*tsck). Upper 16 bit data is output

during FSYNC "H", lower 4 bit is output after FSYNC "L" transition.

.

NN\
A\

\\g\g
%\\
NN\

[ = J—

16 17 18 189 20 1 1 2 3

AN\

31 0

I

16 17 18 19 20 21
/
/

1

SCLK(i) M
(=64te) / 7 /
FSYNC(u)—Ii % % / %
v 7 / %
SDATA(o) [19 |18]ﬁlé4 3[2]1]o] % |‘19|18|ﬂ?4 [3]2]1]o] % [1efre
;——Z—— Lch Data é \2’ Z Rch Data ——Z——i
: é (19=MSB,0=LSB) Z ; é (19=MSB,0=LSB) % ';
FSYNC (i) ——J é j_é__’ é l_éJ
SDATA(0) | 19 J18Lé5 [4 13 ]2 [1 [o % [ 19 |18|%5 [a [3 ]2 [1 ]o % | 19
9 7 7 7
Figure 1 . Data Output Timing (Slave mode)
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Z Zi Z 7
LRCK(o) _t[ . 3% % 1 é é

. / 16 17 18 19 20 21 /31 0o 1 2 3ﬂ 17 18 19 20 21 /31 0 1
SCLK(o) /

7 7 r—— Z |
FSYNC(o)__l—/ é /_] Z ’—
SDATA(o) 19]18]?4 [3]2]1]0] Z ie L/4 [3]2]1]0] Z i1_5

&——%/ Lch Data % Z Rch Data ——é——)l

” (19=MSB,0=LSB) ’ ”  (19=MSB,0=LSB) 7 ?

Figure 2. Data Output Timing(Master mode)
Z Z Z 7
LRCK(i) 7 7 7
—I 1 2_3Z 16 17 18 19 20 21 %31 0o 1 2 3% 6 17 18 19 20 21 Zﬁ 0o 1
SCLK(I)I IHH/ é é
SDATA(S) 19u/4|3 T o] Z [19[181/73 o] Z lﬁ?
e——/ Leh Dat 7 / 2
//_(:9=:nss,§:.sa) 7 /A (19R|\/723Doatfss) é 5
Figure 3. Data Output Timing(! > S Slave mode)
7 % 7 7
LRCK(o) | j Z__I /// /%/ -
0 1 2 3/ 16 17 18 19 20 21 %3’1 o 1 2 3% 16 17 18 19 20 % 31 0 1
SCLK(O)HIIIZ é 2 é“[[
FSYNC(0)—1 —L é ’ ﬁ ? J—
| ﬁ/ % é =
SDATA(0)  [19]18 Z4|3 2 J1]o] Z 19|18L?4[3 [2]1 [o] Z !1—5
V/ Lch Dat / / Rch Data —/
:(_——//2_(_19=MSB,2=25LSB) 7 /A (19=MSB,0=LSB) /’__)
Figure 4. Data Output Timing (|1 * S Master mode)
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B Power-down mode

The AK5351 has to be reset once by bringing PD"L" upon power-up. All internal registers of the digital filter
and so on in the AK5351 are reset by this operation. When exiting the power-down mode(PD="H"), the internal
timing starts clocking by first MCLK "1 "(rising edge). In master mode internal counter starts at once, in slave
mode internal counter starts after synchronizing with the first rising edge of LRCK. The serial output data is
available after 516 counting clock of LRCK cycle.

B Asynchronization-reset

In slave mode, if the phase difference between LRCK and internal control signals is larger than +1/16~-1/16 of
word period(1/fs), the synchronization of internal control signals with LRCK is done automatically at the first
rising edge of LRCK.

W High Pass Filter(HPFE pin)

The AK5351 has a Digital High Pass Filter(HPF) for DC-offset cancel. When HPFE pin goes "H", HPF is

enabled. The cut-off frequency of the HPF is 1Hz(@fs=48kHz). It also scales with the sampling frequency(fs).
The HPF can be disabled by bringing HPFE pin "L". In this case, the AK5351 has the DC-offset of a few mV.

0166-E-00 1997/4
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SYSTEM DESIGN

Figure 5 shows the system connection diagram. Figure 6 and Figure 7 shows the input buffer circuit. An
evaluation board[AKD5351/2] is available which demonstrates the optimum layout, power supply arrangement
and measurement results.

+5V ~ _ ~ ~ R +5V
Analog +%10u ému 01u = Zotu 2100 Digital
4 YV |oa 12| = =
P VA VB VD
10u - ’
Ofu| 3 VREF "PD 16 Power Down
22
CMODE
HPFE [$2 Mode
SMODE1 15 Select
6 SMODE2
>———— AINL+ 1
Leh . AK5351 McLK 1——Ios56/3841s
>_—— AINL— SCLK 18
LRCK ;z fs
>—— 1 AINR: FSYNC System
RCh SDATA 21 Controller
2|
>——={ AINR- 7572 HO
TST3 F1
14
TST4
AGND DGND TST1

5 Jla '8
e Il

Figure 5. System Connection Diagram Example
NOTE: +5V Analog should be powered the same time or earlier than +5V Digital.

B Grounding and Power Supply Decoupling

The AK5351 requires careful attention to power supply and grounding arrangements. The VA and VB are
connected together through the chip substrate and have several ohm resistance. The power to VB should
come up at the same time or faster than the power to VD, when they are fed separately to the device (Figure 5).
As to the connections of decoupling capacitors, refer to Figure 5 . The 0.1uF of decoupling capacitors
connected power supply pins should be as near as possible to the power supply pin.

As AIN+ pins is near VD pin, ground pattern should be inserted between VD line and AINL# lines to avoid
digital noise coupling. Refer to evaluation board manual of AKD5352/1 Rev.B about board layout.

0166-E-00 1997/4
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W Analog connections

Analog signal is differentially input into the modulator via the AIN+ and the AIN- pins. The input voltage is the
difference between AIN+ and AIN- pins. The full-scale of each pin is £2.10Vp-p on its reference
voltage(VREF). In case that the positive input is more than its full-scale, the AK5351 outputs positive
7FFFFH(Hex, Full-scale). In case that the negative input is more than its full-scale, the AK5351 outputs
negative 80000H(Hex, Full-scale). Analog inputs of the AK5351 are normally Full-differential inputs, while they
are also acceptable Single-ended inputs. In case of Single-ended inputs, analog signal is input from either
positive or negative input and the other side inputs bias voltage. Figure 7 is a circuit example which analog
input signal is input 4.20Vp-p into AIN- pin and bias voltage into AIN+ pin. The DC offset is removed by the
internal HPF.

AK5351 samples the analog inputs at 3.072MHz with fs=48kHz. The digital filter rejects all noise between
26.5kHz and 3.0455MHz. However, the filter will not reject frequencies right around 3.072MHz ( and multiples
of 3.072MHz). Most audio signals do not have significant noise energy at 3.072MHz. Hence, a simple RC filter
is sufficient to attenuate any noise energy at 3.072MHz.

The reference voltage for A/D converter is supplied from the VREF pin at VA reference. In order to eliminate
the effects of high frequency noise on the VREF pin, a 10uF or less electrolytic capacitor and a 0.1uF ceramic
capacitor should be connected parallel between the VREF and the VA pins. No current should be driven from
the VREF pin.

The AK5351 accepts +5V supply voltage. Any voltage which exceeds the upper limit of (VA+)+0.3V and lower
limit of AGND-0.3V and any current beyond 10mA for the analog input pins(AINL%, AINRz) should be avoided.
Excessive currents to the input pins may damage the device. Hence input pins must be protected from signals
at or beyond these limits.

Use caution specially in case of using £15V in surrounding analog circuit.

10k
10k
VP+ :
UQ 2.10Vp-p
10k
. - MW l AN+
330
v NJM5532 1.5nF
AN I AIN-
330
VA=5V
VP+=+15V, VP- =- 15V QU 2.10Vp-p

Figure 6 . Full-differential Input Buffer Circuit Example

10k
VP+
A 150
M \ ' AIN
10u l '
VP- 3.3nF
NJM5532 150
AN I AIN-
VA=5V
VP+=+15V, VP-=-15V Q'U 4.20Vp-p
Figure 7 . Single-ended Input Buffer Circuit Example
0166-E-00 1997/4
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W Digital Connections

To minimize digital originated noise, connect the ADC digital outputs only to CMOS inputs. Logic families of
4000B, 74HC, 74AC, 74ACT and 74HCT series are suitable.

B Multiple AK5351

In systems where multiple ADC's are required, care must be taken to insure the internal clocks are
synchronized between converters to make simultaneous sampling. In slave mode, synchronous sampling is
achieved by supplying the same MCLK and LRCK to all converters. In master mode, the same PD signal is
supplied to each ADC. The PD state is released at the first rising edge of MCLK after bringing PD into high.
Hence, if the rising edge of PD and rising edge of MCLK coincides together the sampling difference among
the ADC's modulator would occur. The difference could be 1/256fs in the sampling clock(64fs) of the
modulator, typically 81ns at fs=48kHz.

0166-E-00 1997/4
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PACKAGE

® 24pin VSOP (Unit: mm)

*7.8x0. 15 1.25%0.2

24 13

HAAAAAAAAHAE
o

*5.6x0.2
>
6x£0.2

O
ELELLLLEE L

1 1

-
-

0.22+0.1 0.65 015%0.05
f—

; ...........

Seating Plane

041

Detail A

NOTE: Dimension " * " does not include mold fiash.

B Material & Lead finish

Package: Epoxy
Lead-frame: Copper
Lead-finish:  Soldering plate

0166-E-00 1997/4
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IMPORTANT NOTICE

® These products and their specifications are subject to change without notice. Before
considering any use or application, consult the Asahi Kasei Microsystems Co., Ltd. (AKM)
sales office or authorized distributor concerning their current status.

® AKM assumes no liability for infringement of any patent, intellectual property, or other
right in the application or use of any information contained herein.

® Any export of these products, or devices or systems containing them, may require an
export license or other official approval under the law and regulations of the country of
export pertaining to customs and tariffs, currency exchange, or strategic materials.

® AKM products are neither intended nor authorized for use as critical components in any
safety, life support, or other hazard related device or system, and AKM assumes no
responsibility relating to any such use, except with the express written consent of the

Representative Director of AKM. As used here:

(@) A hazard related device or system is one designed or intended for life support or
maintenance of safety or for applications in medicine, aerospace, nuclear energy, or
other fields, in which its failure to function or perform may reasonably be expected to
result in loss of life or in significant injury or damage to person or property.

(b) A critical component is one whose failure to function or perform may reasonably be
expected to result, whether directly or indirectly, in the loss of the safety or
effectiveness of the device or system containing it, and which must therefore meet
very high standards of performance and reliability.

®|t is the responsibility of the buyer or distributor of an AKM product who distributes,
disposes of, or otherwise places the product with a third party to notify that party in
advance of the above content and conditions, and the buyer or distributor agrees to
assume any and all responsibility and liability for and hold AKM harmless from any and
all claims arising from the use of said product in the absence of such notification.
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SM5843Ax1
Audio Multi-function Digital Filter

OVERVIEW

The SM5843Ax1 is amulti-function digital filter IC,
fabricated using NPC's Molybdenum-gate CMOS
process, for digital audio reproduction equipment. It
features 8-times oversampling (interpolation), digital
deemphasis and soft muting functions. It accepts 16,
18, or 20-bit input data, and outputs datain 18 or 20-
bit format. It operates using either a 384fs or 256fs
system clock.

FEATURES

= Filter configuration (2-channel processing)
* 8-times oversampling (interpolation)
- 3-stage FIR configuration
» Deemphasisfilter
- 1IR filter configuration for correct gain and
phase characteristics
- 2-channel independent ON/OFF control
- 32/44.1/48 kHz sampling frequency (fs)
e 21 x 22-bit paraled  multiplier/25-bit
accumulator for high precision
* Overflow limiter
» 2 oversampling filter characteristics
 Sharp roll-off characteristic (response 1)
- < +0.00005 dB passband ripple (0 to
0.4535fs)
- > 110 dB stopband attenuation (0.5465fs to
7.4535fs)
 Slow roll-off characteristic (response 2)
- < £0.00003 dB passband ripple (0 to 0.235fs)
- > 77 dB stopband attenuation (0.745fs to
7.255f9)
» Soft muting
« Digita attenuator
» Input dataformat
» 2scomplement, MSB first
- LR alternating, 16/18/20-bit serial, trailing
data
- LR alternating, 20-bit serial, leading data
- LR simultaneous, 20-hit serial, leading data
= Output data format
» 2scomplement, MSB first, LR simultaneous
* 18/20-bit seria
* BCKO burst (NPC format)
» Dither processing ON/OFF control
» Jitter-free/Sync mode selectable
» 256fs/384fs system clock selectable
* 21.2/14.2MHz maximum
(384f5/256fs)

frequency

5V supply

Crystal oscillator circuit built-in
TTL-compatible input/outputs
28-pin plastic DIP and SOP
Molybdenum-gate CMOS

APPLICATIONS

» CD players
» DAT players
= PCM systems

ORDERING INFOMATION

Device Package
SM5843AP1 28pin DIP
SM5843AS1 28pin SOP

NIPPON PRECISION CIRCUITS—1
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PINOUT(TOPVIEW) PACKAGE DIMENSIONS (Unit: mm)

28-pin DIP 28-pin DIP

DI/ INF2N E 21;‘ LRCI
BCKI E z‘ TMOD2
CKSLNE E‘BCKO ’_"_"_"_"_"_‘V_“V_H_H_H_H_H—H—\
INFIN E E‘ WCKO ‘ %
IWIN/DIL E
XTI E
XTO E
vss E

0°t015°

DOL

[=]
o
3
:

DOR @]

I
Do O oo oo
22| VDD

37.3+0.3
21| TMOD1

odn
(3]

TdVEVBSINS

[T111]

cko E Zv‘ SYNCN 5 ;§
IW2N / DIR E Ti‘ OW20N . K S
MDT E 113‘ FSEL2 ;
MDK E E‘ FSELL
MLEN E E‘ DEMP S
RSTN Es E‘ MUTE sl
28-pin SOP 28-pin SOP
DI/INF2N E LRCI
BCKI E O TMOD2 183TYP g Mx_@i
INFIN E ZZ" WCKO d
IWIN/DIL E w a ZA‘ DOL ol g
xti 6] ZU 23] por 7 T T 5 T
& O
XTO E O-Le n z‘ VDD
vss E g Z‘ TMOD1 J3E Wﬂ—«:—iﬁﬁﬁﬁt o
cKO E &) znl SYNCN Lreots 008 0.15-005

IW2N /DIR E E‘ OW20N
MDT E E‘ FSEL2 / | \

MDK E E‘ FSELL %T
MLEN E E‘ DEMP
RSTN E E‘ 0.45TYP.

3.0MAX.

0.10MIN,

MUTE
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BLOCK DIAGRAM

CKSLN LRCI BCKI DI/ INF2N

TOMD?2
RSTN

SYNCN

Filter and Attenuation

Timing Arithmetic block
Controller

——m TMOD1

L L L
IWIN / DIL
IW2N / DIR
i
XTl <~ W INFIN
XTO System Input data Interface
Clock P
CKO

DEMP Sk
FSELL Contioler
FSEL2 Output date WCKO
Interface
8 DOL
MUTE B— Mute/ Attenuation DOR
Controller
OW20N

MDT MCK MLEN VSS VDD
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PIN DESCRIPTION

Number Name 1ot Description
1 DI/IINF2N Ip Data input when INFIN is LOW, and input format select pin when INF1N is HIGH.
2 BCKI Ip Input bit clock
3 CKSLN Ip Oscillator and system clock select input. 384fs when HIGH, and 256fs when LOW.
Input format select pin. INFIN and INF2N select the pin functions below.
Pin function selection
INFIN DI/INF2N Input format
DI/INF2N | IWIN/DIL | IW2N/DIR
4 INFIN Ip Lo LW LR alternating, trailing data IWIN IW2N
Low HIGH
HIGH LOW LR alternating, leading data
INF2N DIL DIR
HIGH HIGH LR simultaneous, leading data
Input bit length select pin when INF1N is LOW, and left-channel data input when INFIN is HIGH.
IWIN and IW2N select the input data length.
INFIN IW2N/DIL IWIN/DIR Input bit length
LOwW LOW 20 bits
5 IWIN/DIL Ip Low HIGH 20 hits
LOwW
HIGH LOW 18 bits
HIGH HIGH 16 bits
HIGH x x 20 hits
6 XTI | Oscillator input connection
7 XTO o] Oscillator output connection
8 VSS - Ground
9 CKO (o] Oscillator output clock. Same frequency as XTI.
10 IW2N/DIR Ip Input bit length select pin w_hen INF2N is LOW, and right—channel data i_nput when INF2N is HIGH.
IWIN and IW2N select the input data length as shown in the table for pin 5.
11 MDT Ip Attenuator serial data input
12 MCK Ip Attenuator bit clock input
13 MLEN Ip Attenuator latch enable input
14 RSTN Ip System reset. Reset operation when LOW, and normal operation when HIGH.
15 MUTE Ip Mute control signal. Muting when HIGH, and normal operation when LOW.
16 DEMP Ip Deemphasis control signal. OFF when LOW, and ON when HIGH.
Deemphasis filter select inputs
17 FSEL1L Ip FSEL1 FSEL2 Sampling frequency (fs)
LOW LOW 44.1 kHz
LOW HIGH 48 kHz
18 FSEL2 Ip HIGH Low Test mode
HIGH HIGH 32 kHz
19 OW20N Ip Output bit length select pin. 20-bit output when LOW, and 18-bit output when HIGH.
20 SYNCN Ip Sync mode select pin. Normal sync mode when LOW, and jitter-free mode when HIGH.
21 TMOD1 Ip Dither processing control. ON when LOW, and OFF when HIGH.
22 VDD - 5V supply

NIPPON PRECISION CIRCUITS—4
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Number Name 1ot Description
23 DOR 0 Right-channel data output
24 DOL o] Left-channel data output
25 WCKO (o] Output word clock
26 BCKO (o] Output bit clock
27 TMOD?2 Ip ‘l,:\llilfsrr1 chg\rAz;cteristic select pin. Sharp roll-off (response 1) when HIGH, and slow roll-off (response 2)
28 LRCI Ip Input data sample rate (fs) clock

1. I'=input, Ip = Input with pull-up resistor, O = output

NIPPON PRECISION CIRCUITS—5




SM5843Ax1

SPECIFICATIONS

Absolute Maximum Ratings

VSS =0V
Parameter Symbol Rating Unit
Supply voltage range Vop -03t07.0 \Y
Input voltage range Vin -0.3t0Vpp +0.3 \Y
Storage temperature range Tstg —40 10 125 °C
550 (DIP)
Power dissipation Pp mw
390 (SOP)
Soldering temperature Teid 255 °C
Soldering time tsig 10 S
Recommended Operating Conditions
fs=384fs (CKSLN = HIGH): Vg =0V
Parameter Symbol Rating Unit
Supply voltage range Voo 45t055 v
Operating temperature range Topr -201t0 80 °C
fs=256fs (CKSLN = LOW): Vg5=0V
Parameter Symbol Rating Unit
Supply voltage range Voo 4.75t05.25 v
Operating temperature range Topr -20t0 70 °C
DC Electrical Characteristics
Vpp =4.51t055V,Vgg=0V, T,=-2010 80 °C
Rating
Parameter Symbol Condition Unit
min typ max
Current consumption Iop Vpp =5.0V? - 50 65 mA
XTI HIGH-level input voltage Vim 0.7Vpp - - v
XTI LOW-level input voltage ! - - 0.3Vpp \Y
XTI AC-coupled input voltage VINAC 0.3Vpp - - Vip
HIGH-level input voltage? Vin2 2.4 - - v
LOW-level input voltage? Vi - - 05 v
HIGH-level output voltage® VoH loy ==0.4 mA 25 - - \Y
LOW-level output voltage® VoL loL = L6 mA - - 0.4 v
XTI HIGH-level input current I Vin=Vop - 10 20 PA
XTI LOW-level input current hi1 Vin=0V - 10 20 pA
LOW-level input current? 2 V=0V - 10 20 HA
Input leakage current? ILH Vin=Vop - - 1.0 PA

1. fgyg = 256fs = 14.2 MHz (CKSLN = LOW), no output load

2. Pins DIINF2N, BCKI, CKSLN, INF1IN, IWIN/DIL, IW2N/DIR, MDT, MCK, MLEN, RSTN, MUTE, DEMP, FSEL1, FSEL2, OW20N, SYNCN, LRClI,

TMOD1, TMOD2
3. Pins CKO, DOL, DOR, BCKO, WCKO
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AC Electrical Characteristics
Input Clock (XTI)

Crystal oscillator

fs= 384fs (CKSLN = HIGH): Vpp = 451055V, Vgg= 0V, T;= 2010 80 °C

Rating
Parameter Symbol Unit
min typ max
Oscillator frequency fosc 2.0 - 212 MHz
fs= 256fs (CKSLN = LOW): Vpp = 4.75105.25V, Vg = 0V, T, = —20 to 70 °C
Rating
Parameter Symbol Unit
min typ max
Oscillator frequency fosc 1.0 - 14.2 MHz
External clock input
fs=384fs (CKSLN = HIGH): Vpp =4.5t05.5V,Vgg= 0V, T,= -20t0 80 °C
Rating
Parameter Symbol Unit
min typ max
Clock HIGH-level pulsewidth towH 20 - 250 ns
Clock LOW-level pulsewidth towt 20 - 250 ns
Clock pulse cycle time ty) 47 - 500 ns
fs=256fs (CKSLN = LOW): Vpp =4.75t05.25V,Vgg=0V, T,=-20t0 70 °C
Rating
Parameter Symbol Unit
min typ max
Clock HIGH-level pulsewidth town 30 - 500 ns
Clock LOW-level pulsewidth towt 30 - 500 ns
Clock pulse cycle time ty 70 - 1000 ns
— — Vi1

XTI ;Z

Vi1
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Serial input timing (BCKI, DI, DIL, DIR, LRCI)
Vpp=4.51t055V,Vgg=0V, T,=-20t0 80 °C

Rating
Parameter Symbol - Unit
min typ max
BCKI HIGH-level pulsewidth tscwH 50 - - ns
BCKI LOW-level pulsewidth teowL 50 - - ns
BCKI pulse cycle tacy 100 - - ns
DIN setup time tps 50 - - ns
DIN hold time toH 50 - - ns
Last BCKI rising edge to LRCI edge taL 50 - - ns
LRCI edge to first BCKI rising edge tig 50 - - ns

ey ———————

e BowH — el oWl — ]

BCKI — — —/~ — — — —— ——ffCl.SV
ﬂ/ \

o5 — - ToH ]

DI
oL - ——— — — — - — — — - — — — — | _ 15V
DIR
-« — -l
IRCIl —— — — — — — — — — — — — — — — — X — — — — — — 1.5V

Reset timing (RSTN)
Vpp =451t055V,Vgg=0V, T,=-20t080 °C

Rating
Parameter Symbol Condition Unit
min typ max
o At power-ON 1 - - us
RST LOW-level reset pulsewidth trsT
At all other times 50 - - ns
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Attenuator timing (MDT, MCK, MLEN)
Vpp=45t055V,Vgg=0V, T,=-20t0 80 °C

Rating
Parameter Symbol - Unit
min typ max
MDT setup time tvps 20 - - ns
MDT hold time tMDH 20 - - ns
MLEN setup time tmes 40 - - ns
MLEN hold time tmeH 20 - - ns
MLEN LOW-level pulsewidth tMEWL 20 - - ns
MLEN HIGH-level pulsewidth tMEWH 20 - - ns
MLEN pulse cycle time tuLey 6 - - toys!
1. tgyg = 1/384fs when CKSLN is HIGH, and 1/256fs when CKSLN is LOW.
— — 15V
— — 15V
— — 15V
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Output timing
Vpp=45t055V,Vgg=0V, T,=-20t080 °C, C| = 15pF

Rating
Parameter Symbol Condition Unit
min typ max
XTI to XTO delay tyto XTI fall to XTO rise 3 - 15 ns
XTI to CKO delay tcko XTl fall to CKO fall 10 - 35 ns
tspH XTI fall to BCKO rise 20 - 60
XTI to BCKO delay (CKSLN = HIGH) ns
tspL XTI fall to BCKO fall 20 - 60
tspH XTI fall to BCKO rise 20 - 60
XTI to BCKO delay (CKSLN = LOW) ns
tshL XTI fall to BCKO fall 20 - 60
thdH BCKO fall to output rise -5 - 10
BCKO to DOL, DOR, WCKO delay ns
todL BCKO fall to output fall -5 - 10
tean CKO fall to output rise 5 - 25
CKO TODOL, DOR, WCKO delay ns
tedl CKO fall to output fall 5 - 25
tydH XTO rise to output rise 15 - 50
XTO TODOL, DOR, WCKO delay ns
teaL XTO rise to output fall 15 - 50
Tsys Tsys
XTI ,_,\,, - N/ __N___/__ 05/DD
(CKSLN = H)
—» e fcko
CKO [N U VS . N \\_/1.5v
(CKSLN = H)
Tsys
XTI -t - - - - — — — 0.5vDD
(CKSLN =1)
CKO
(CKSLN =1)
BCKO
XTO rising edge N— taL
DOL )
DOR thdH
WCKO
TeaH
———————— t—f—————————15V
XTO rising edge taH
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Filter Characteristics

8-times interpolation filter (sharp roll-off: response 1)

Parameter Condition Rating @ 256fs
Passhand 0 to 0.4535fs
Stopband 0.5465fs to 7.4535fs
Passhand ripple < +0.00005 dB
Stopband attenuation >110dB
SYNCN = LOW 44.625/fs
Group delay!
SYNCN = HIGH 44.25/fs to 45.0/fs

1. The digital filter arithmetic computation time from when the completion of data input at rate fs to the start of data output at rate 8fs.

8fs filter response with deemphasis OFF

0 4

Attenuation (dB)

0.0 10 20 3.0 4.0

Frequency (xfs)

8fs filter band transition response with deemphasis OFF

5.0 6.0 7.0 8.0

Attenuation (dB)

Frequency (xfs)

8fs filter passband response with deemphasis OFF

-0.0001

-0.00005 T

0.00000 T

0.00005 T

Attenuation (dB)

0.0001

Frequency (xfs)
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8-times interpolation filter (slow roll-off: response 2)

Parameter Condition Rating @ 256fs
Passbhand < 3 dB attenuation 0to 0.455fs
Stopband > 77 dB attenuation 0.745fs to 7.255fs
Passhand ripple 0to 0.235fs <+0.00003 dB
Stopband attenuation >77dB
SYNCN = LOW 25.625/fs
Group delay!
SYNCN = HIGH 25.25/fs to 26.0/fs

1. The digital filter arithmetic computation time from when the completion of data input at rate fs to the start of data output at rate 8fs.

8fs filter response with deemphasis OFF

Attenuation (dB)

Frequency (xfs)

8fs filter band transition response with deemphasis OFF

Attenuation (dB)

0.00 0.125 0.25 0.375 0.50 0.625 0.75 0.825 1.00

Frequency (xfs)

8fs filter passband response with deemphasis OFF

Attenuation (dB)

Frequency (xfs)

NIPPON PRECISION CIRCUITS—12




SM5843Ax1

8fs filter passband response [amplitude gain enlarged]

Attenuation (dB)
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Deemphasis filter

Frequency (xfs)

Sampling frequency (fs)

Parameter
32 kHz 44.1 kHz 48 kHz
Passhand bandwidth (kHz) 0to 145 0t020.0 0to21.7
Attenuation <+0.001 dB
Deviation from ideal characteristic
Phase, 6 0to15°

Passband response with deemphasis ON (logarithmic frequency axis)
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Frequency (Hz)
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FUNCTIONAL DESCRIPTION

The basic arithmetic block is shown in figure 1, and
the function of each block is described in the follow-
ing sections.

Input

fs

FIR

2 - times oversampling
153 - tap (response 1 )or
25 - tap (response 2 )

v 2fs

29 - tap FIR

2 - times oversampling

4fs

Deemphasis OFF v

{4&

Deemphasis 1R
filter

o Deemphasis ON

Mute function

i 4fs

17 - tap FIR

2 - times oversampling

i 8fs

Output

Figure 1. Arithmetic block diagram

8-times Oversampling (Interpolation)

The interpolation arithmetic block is comprised of 3
cascaded, 2-times FIR interpolation filters, as shown
infigure 1.

The input signal is sampled at rate fs, and then 8-
times oversampling datais output. Sampling noisein
the 0.5465fs to 7.4535fs stopband for the sharp roll-
off (response 1) characteristic, 0.745fs to 7.255fs for
the slow roll-off (response 2) characteristic, is
removed by the interpolation filter.

Digital Deemphasis

The digital deemphasis filter has the same construc-
tion as analog filters. It isimplemented as an |IR fil-
ter to faithfully reproduce the gain and phase
characteristics of standard analog deemphasis filters.
The three sets of filter coefficients for the three fs =
32.0/44.1/48.0 kHz sampling frequencies are
selected by FSEL1 and FSEL2 when the sampling
frequency is specified, as shown in the following
table. Deemphasisis ON when DEMP is HIGH, and
OFF when DEMP isLOW.

FSEL1 FSEL2 Sampling frequency (fs)
LOwW LOW 44.1 kHz

LOwW HIGH 48 kHz

HIGH Low Test mode

HIGH HIGH 32 kHz

Note that test mode is not available for operation.
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Soft Muting

The muting function controls the muting of both left
and right channels simultaneously. Muting is ON
when MUTE is HIGH, muting is OFF when MUTE
isLOW.

When MUTE goes HIGH, the attenuation changes
smoothly from 0 to —c0 dB in 512/fs, or approxi-
mately 11.6 ms when fs = 44.1 kHz. When MUTE
goes LOW, muting is released and the attenuation
changes smoothly from -« to 0 dB, again taking
approximately 11.6 ms.

L

512 /fs

Figure 2. Mute timing

When RSTN goes LOW, the DOL and DOR outputs
go LOW, immediately muting the output signal.

Digital Attenuator (MDT, MCK, MLEN)

The attenuation function is controlled by MDT,
MCK and MLEN. MDT data, in 11-bit serial MSB
first format, is shifted into an internal shift register
on the rising edge of the serial data clock MCK. The

Muting is released and timing is synchronized imme-
diately after RSTN goes HIGH.

contents of the shift register are transferred to the
internal processing circuits on the rising edge of the
MLEN gate pulse. The attenuation data format is
shown in figure 3.

BL B2 B3 B4 B5 B6 B7 B8 B9 B0 BIl
MDT a0 | al | a2 | a3 | a4|a5| a6 | a7|a8|a9 |all
MSB LSB!
~ I~
I Pl
e LTTHLUDIOU LD
I
MLEN

Figure 3. Attenuation data format

The attenuation register data DATT can take on any
value between 0 and 1024 (400). The attenuation is
given by the following equation for both left and
right channels simultaneously.

Attenuation = 20 x log,o(DATT/1024) [dB]

Thus, the attenuation level is —o when DATT is 0,
and attenuation is 0 dB when DATT is 1024. DATT
isset to 1024 (400, after system reset initialization.
The attenuation data and attenuation level for sample
DATT values are shown in the following table.

Attenuation data DATT Attenuation level (dB)
000y -
0014 -60.206
to to
3FFy -0.0085
4004 0
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Attenuation operation

When an attenuation value DATT is set, the attenua-
tion changes smoothly from the current attenuation
level to the new level. The new attenuation data is
stored in the attenuation register while the current
attenuation datais stored in atemporary register. The
attenuation then changes smoothly by ramping
between the two register values, updating the tempo-
rary register with each step. If a new attenuation

Settingl
DATT1

value for DATT is set before the previous target
attenuation level is reached, the attenuation then
ramps toward the new attenuation level.

When MUTE is HIGH, the attenuation level is —co.
When MUTE goes LOW (muting OFF), the attenua-
tion level returns to that of the origina vaue of
DATT.

Setting4

N

DATT4

Figure 4. Attenuation and mute timing

System Clock (XTI, XTO, CKO, CKSLN)

Two system clock frequencies, 384fs and 256fs, can
be used. An external clock source can be input on
XTI, or a crystal oscillator can be constructed by
connecting a crystal between XTI and XTO. The
system clock is also buffered and then output on
CKO. The system clock frequency selection and the
internal clock frequency are shown in the following
table.

Time
CKSL
Parameter
HIGH Low
XTlinput clock frequency (fy, = 1/ty)) 384fs 256fs
CKO clock frequency 384fs 256fs
Internal clock frequency (tsys) 2 Xty ty)

to timing controller

1/2 l

O O
Internal system clock
(192fs or 256fs)

Figure 5. Clock generator circuit
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Audio Data Input (INFIN, INF2N, IW1N,
IW2N, DI, DIL, DIR, BCKI, LRCI)

Theinput data format and several input pin functions
are selected by the state of INFAIN and INF2N.

Pin function selection
INFIN DI/INF2N Input format
DI/INF2N IWIN/DIL IW2N/DIR

LowW Low

LR alternating?, trailing data DI IWIN IW2N
Low HIGH
HIGH LOW LR alternating, leading data

INF2N DIL DIR

HIGH HIGH LR simultaneous?, leading data

1. Alternating left-channel and right-channel data input on a single input DI.

2. Simultaneous left-channel and right-channel data input on two inputs, DIL and DIR, respectively.

The input data word length is selected by the state of
IWIN and IW2N when INFIN is LOW. 20-bit is
selected when INFIN is HIGH.

INFIN IW2N/DIL IWIN/DIR Input bit length
LOW LOW 20 hits
LOW HIGH 20 hits
LOW
HIGH LOW 18 bits
HIGH HIGH 16 bits
HIGH X X 20 bits

Jitter-free Function (SYNCN)

The arithmetic circuit and output control timing is
derived from the system clock, and is therefore inde-
pendent of the input LRCI and BCKI clocks.
Accordingly, any jitter in the data input clock (LRCI
and BCKI1) does not causejitter in the output.

Generdly, the internal timing is synchronized to the
LRCI input timing after a system reset release, when
RSTN goes from LOW to HIGH, on the first LRCI
clock start edge. If the input timing and LRCI start
edge timing subsequently drift, the input timing is
automatically resynchronized when the timing error

exceeds a certain value. There are 2 timing error val-
ues at which resynchronization occurs, selected by
the state of SYNCN.

Jitter-free mode (SYNCN = HIGH)

When SYNCN is HIGH, the timing error value is
+3/8 x (LRCI clock period). When the difference
between the input timing and LRCI start edge posi-
tion do not exceed this value, internal timing is not
resynchronized and all functions continue to operate
normally.

Sync mode (SYNCN = LOW)

When SYNCN is LOW, the timing error value is +1
x (system clock period), which is a much smaller
timing error tolerance than in jitter-free mode. In this
mode, the internal timing is guaranteed to follow the
LRCI clock timing within this tolerance, making this
mode useful for systems constructed from a multiple
number of SM5843Ax1 devices.

Note that resynchronization affects the internal oper-
ation and can generate a momentary click noise out-
put.

Audio Data Output (DOL, DOR, BCKO, WCKO, OW20N)

The output data is in serial, simultaneous left and
right-channel, 2s complement, MSB first, BCKO
burst (NPC format) format. The output data word
length is selected by the state of OWZ20N. 18-hit out-
put is selected when OW20N is HIGH, and 20-bit
output when OW20N is LOW.

8fs serial datais output in sync with the falling edge
of the internal system clock and BCKO clock. The
number of BCKO hit clock pulses per word changes
depending on the output bit length selected (18/20
bits). Consequently, output data is latched into the
internal output register on the falling of the edge of
an output word clock WCKO, which has timing

independent of the number of output bits as specified
in the following table.

Parameter Symbol | CKSLN=HIGH | CKSLN=LOW
Bit clock rate Tg 1/192fs 1/256fs
Data word length Tow 24tgyg 32tsys

NIPPON PRECISION CIRCUITS—17




SM5843Ax1

System Reset (RSTN)

The SM5843Ax1 must be reset under the following
conditions.

= At power-ON.

= When the LRCI clock and internal operation tim-
ing need to be resynchronized.

= When switching the CKSLN clock select input.

= When switching between filter characteristics
using TMOD2.

» When either or both of the LRCI and XTI clocks
stop or are interrupted.

The system is reset by applying a LOW-level pulse
on RSTN.

The arithmetic and output timing counters are reset
on the first LRCI start edge after reset is released, as
long as the XTI clock has aready stabilized. The
LRCI start edge is determined by the state of INFIN

and INF2N. When INFIN is LOW or when both
INFIN and INF2N are HIGH, the start edge is the
rising edge. When INFIN is HIGH and INF2N is
LOW, the start edge is the falling edge.

When RSTN is LOW, the DOL and DOR outputs are
LOW, muting the output signal to an attenuation
level of —co.

The power-ON reset pulse can be applied by a
microcontroller or, for systems where XTI and LRCI
are stable at power-ON, by connecting a capacitor of
several hundred pF between RSTN and VSS. For
systems that do not use a microcontroller, the capaci-
tor must be chosen such that the XTI and LRCI
clocks fully stahilize before RSTN goes from LOW
to HIGH.

RSTN | . |

DOL
DOR]

Figure 6. System reset timing and output muting

Filter Characteristic Selection (TMOD?2)

There are 2 digital filter frequency response charac-
teristics incorporated into the SM5843A %1, selected
by the state of TMODZ2. A sharp roll-off characteris-
tic (response 1) is selected when TMOD2 is HIGH,
and a slow roll-off characteristic (response 2) when
TMOD2 is LOW. The response is modified by
changing the number of taps in the 1st FIR filter
stage, as shown in figure 1.

» Filter response 1
« 153-tap 1st FIR
¢ 29-tap 2nd FIR
o 17-tap 3rd FIR

= Filter response 2
o 25tap 1st FIR
¢ 29-tap 2nd FIR
o 17-tap 3rd FIR

Note that the device should be reset when changing
TMOD2 during normal operation.

Dither Rounding-off Processing
(TMOD1)

Dither rounding-off processing of output data is ON
when TMOD1 is LOW. Dither is OFF and normal
processing mode is selected when TMOD1 is HIGH.
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TIMING DIAGRAMS
Input Timing Examples (DIN, BCKI, LRCI)

1/fs
Lch DATA Rch DATA
(MSB) se)| (MsB) (Lss)
1 | 2 | |14|15|16

Dlj _______ 1|2|_-_~_-_- |14|15|16 ______

LRCI

Figure 7. LR aternating, trailing data, 16-bit input
1/fs
Lch DATA
(MSB) ) | N
DIL 1]2|3]----|19]20 1

Rch DATA

(MSB) sy ]

eca | LU U T UL

LRCI S ] . J

Data after Isb (bit 20) is ignored. After bit 20, BCKI clock input is not needed.
Figure 8. LR alternating, leading data, 20-bit input

1/fs
_______ (MSB) Lch DATA (LsB)
DIL 1 2 3 4 5 6 ..................... 18 19 20 oooooo l
_______ (MSB) Rch DATA ((5:)
DIR 1 2 3 4 5 6 ..................... 18 19 20 ...... 1

Data after Isb (bit20) is ignored. After bit 20, BCKI clock input is not needed.
Figure 9. LR simultaneous, leading data, 20-bit input
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Output Timing Examples (DOL, DOR, BCKO, WCKO)

System— M MMM T
coac [T U T /]
DoL 1l2]3]a [17] 18] 191208 ¢y
DOR 1l2]3]4 [17] 18] 19120 ¢
BCKO [ N
— T8' T8
WCKO

24TB(TDW)

12Te

The number of output bits is determined by the output bit length selected.

System
Clock

DOL

DOR

BCKO

WCKO

Figure 10. 18/20-bit output (CKSL = HIGH)

. soTe(rou
UL JUUU UYL
T2 3] s [ss [ s8] 8 3]

23] s [ [ ] ]3]
UL JUUULL:
—" o —
o Qe

The number of output bits is determined by the output bit length selected.

Figure 11. 18/20-bit output (CKSL = LOW)
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Data Input to Output Delay Timing

This is the digital filter arithmetic computation time
from the completion of datainput at rate fs (t;npyT)

on therising edge of LRCI to the start of data output
at rate 8fs (toyTpyT) ON the falling edge of WCKO.

LRCI | L

Serial data Input =~ —»|

25/fs(Filter Response 2)
NPUT

WCKO

ey I O B o A S
|

tou*rt;w%

WCKO
(384fs)
| .
tDUTP‘UT QSer‘iaI data output
Figure 12. Delay timing (SYNCN = LOW)
3 44.625/fs (Filter Response 1) |
hNPUT A
3 25.625/fs (Filter Response 2) ! toureur
: AAA
Y
tJNPUT

tOUTPUT

Figure 13. Delay timing (SYNCN = CKSLN = LOW)

Filter response CKSLN SYNCN Mode touTPuT — tinPUT
LOW After reset + sync mode 44.625/fs
LOW (256fs)
HIGH Jitter-free mode 44.25/fs — 45.0/fs
Filter response 1
LOW After reset + sync mode 44.75/fs
HIGH (384fs)
HIGH Jitter-free mode 44.375/fs — 45.125/fs
LOW After reset + sync mode 25.625/fs
LOW (256fs)
HIGH Jitter-free mode 25.25/fs — 26.0/fs
Filter response 2
LOW After reset + sync mode 25.75fs
HIGH (384fs)
HIGH Jitter-free mode 25.375lfs — 26.125Ifs
1/fs
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APPLICATION CIRCUITS
Input Interface Circuits

CD decoder (CXD2500Q) connection

T

Cclom|_16:9344MHz | CKSLN
LRCK 44.1kHz Lrel
SONY DA16 DI SM5843
CD DECODER
xors00n DAL5|_2-1168MHz BCK]
MUTE
EMPH DEMP  MUTE [e—
PSSL
IWIN FSEL1
IW2N FSEL2
J/T—> INF1IN
e
Digital audio interface receiver (YM3623B) connection
384fs ﬂl
CKSLN
on | _(18.9344MHD) |
L/R fs(44.1kHz) LRCI
YAMAHA DO DI SM5843
DIR BCO
BCKI
YM3623B MUTE
s sp DFF DEMP  MUTE |[«—
IWIN FSEL1
IW2N FSEL2
J/T—> INF1IN
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Output Interface Circuits

20-bit input ZA DAC (SM5864AP) connection 1

7T4HCUO04
X'tal

384fs

to SIGNAL 4} s
PROCESSOR

(CD DECODER) | CKSLN

ﬂ CKO XTI 384fs CKO
BCKO o ﬁggk’g - LchOUT
WCKO >
DOL
SM5843) por ™! Analog
(20bitOUT) | LPE —RchOUT

/Jj> OW20N

20-bit input ZA DAC (SM5864AP) connection 2

L/R-channel independent complementary PWM output

to SIGNAL
PROCESSOR
(CD DECODER)  [cRsiN XDIVN
384fs-«—— CKO
w71 L3845 | oo N
BCKO > BCKI LOAT™
8fs
WCKO WCKI LOBN |—»
DL | ZADAC Analog || chouT

SM5864 | ROA— LPF

ROBN

SM5843] por
(20bitOUT DOR -
TOWZON

74HCU04 XDIVN XTI

BCKI

WCKI LOA
ag; DINL

DINR| ZADAC ﬁg?og L »RchOUT

DINR

Y

X3SL
COMPN

XTI

MR ER

X'tal
384fs

'

Y

pET i
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NIPPON PRECISION CIRCUITS INC. reserves the right to make changes to the products described in this data sheet in order to
improve the design or performance and to supply the best possible products. Nippon Precision Circuits Inc. assumes no responsibility for
the use of any circuits shown in this data sheet, conveys no license under any patent or other rights, and makes no claim that the circuits
are free from patent infringement. Applications for any devices shown in this data sheet are for illustration only and Nippon Precision
Circuits Inc. makes no claim or warranty that such applications will be suitable for the use specified without further testing or modification.
The products described in this data sheet are not intended to use for the apparatus which influence human lives due to the failure or
malfunction of the products. Customers are requested to comply with applicable laws and regulations in effect now and hereinafter,
including compliance with export controls on the distribution or dissemination of the products. Customers shall not export, directly or
indirectly, any products without first obtaining required licenses and approvals from appropriate government agencies.

NIPPON PRECISION CIRCUITS INC.

4-3, Fukuzumi 2-chome

Koto-ku, Tokyo 135-8430, Japan
NIPPON PRECISION CIRCUITS INC. Telephone: 03-3642-6661

Facsimile: 03-3642-6698

NC9626AE 1997.03
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CS5396
CS5397

120 dB, 96 kHz Audio A/D Converter

Features

e 24-Bit Conversion
e 120 dB Dynamic Range (A-Weighted)

e Low Noise and Distortion
>105dB THD + N

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

® CS5396 - digital filter optimized for audio
e CS5397 - non-aliasing digital filter

e Adjustable System Sampling Rates
including 32, 44.1, 48 & 96 kHz

e Differential Analog Architecture

e Linear Phase Digital Anti-Alias Filtering

e 10 Tap Programmable Psychoacoustic Noise
Shaping Filter

e Single +5 V Power Supply

General Description

The CS5396 and CS5397 are complete analog-to-digital
converters for stereo digital audio systems. They per-
form sampling, analog-to-digital conversion and anti-
alias filtering, generating 24-bit values for both left and
right inputs in serial form at sample rates up to 100 kHz
per channel.

The CS5396/97 use a patented 7th-order, tri-level delta-
sigma modulator followed by digital filtering and decima-
tion, which removes the need for an external anti-alias
filter. The ADCs use a differential architecture which pro-
vides excellent noise rejection.

The CS5396 has a linear phase filter optimized for audio
applications with +0.005 dB passband ripple and
>117 dB stopband rejection. The CS5397 has a non-
aliasing filter response with £0.005 passband ripple and
>117 dB stopband attenuation. Other features available
in both the CS5396 and CS5397 are an optional low
group delay filter and a unique psychoacoustic noise
shaping filter which subjectively truncates the output to
16, 18 or 20 bits while 24-bit sound quality is preserved.

The CS5396/97 are targeted for the highest perfor-
mance professional audio systems requiring wide
dynamic range, negligible distortion and low noise.

ORDERING INFORMATION

CS5396-KS  -10°to 50°C  28-pin SOIC
CS5397-KS  -10°to 50°C  28-pin SOIC
CDB5396/97 Evaluation Board
VCOM  MCLKA  ADCTL DACTL CAL SCLK LRCK SDATA1 SDATA2 MCLKD
Y
N EEmEy ey
' " ) Serial 4._‘ cs
VREF o Serial Output Interface Control [“$—{ cpin
| " Port | ccLk
' " Y Y
AINL- {— B !
1 LP Filt | Digital Decil 1
AINL+ —.—» o o Fif;?amn i
' SHH \V4 " (with Low Group ,
| Comparator | Delay Options) Psychoacoustic |
! ﬂ " ™ Filter !
AINR ' 11| Digital De‘cimalmn
g e [N Filt
AINR+ > . -LP Fier } P (with L(IJV\?rGroup
: SH - (_ : : Delay Options) I
1 m " Callibration Calibration |
! " Microcontroller [~ SRAM

VA AGND1 AGND2 AGNDO VL LGND

TSTO TST1 VD DGND

Preliminary Product Information ‘

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

Cirrus Logic, Inc.

Crystal Semiconductor Products Division
P.O. Box 17847, Austin, Texas 78760

(512) 445 7222 FAX: (512) 445 7581
http://www.crystal.com

Copyright O Cirrus Logic, Inc. 1997 ‘
(All Rights Reserved) D 52?93 = g;
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ANALOG CHARACTERISTICS (1,5 = 25°C; VA, VL,VD = 5V; Full-scale Input Sinewave, 997 Hz;

Analog connections as shown in Figure 1; Measurement Bandwidth is 20 Hz to 20 kHz unless otherwise specified,;
Logic 0 = 0V, Logic 1 =VD;

Parameter \ Symbol \ Min \ Typ \ Max \ Units
Dynamic Performance
Dynamic Range MCLK equal to 24.576 MHz TBD
Fs = 48 kHz in 128x Oversampling Mode (A-weighted) TBD 120 - dB
Fs =48 kHz in 128x mode TBD 117 - dB
Fs =96 kHz in 64x mode (A-weighted) TBD 120 - dB
Fs =96 kHz in 64x mode (40 kHz Bandwidth) 114 - dB
MCLK equal to 12.288 MHz TBD
Fs =48 kHz in 64x mode (A-weighted) TBD 117 - dB
Fs = 48 kHz in 64x mode 114 - dB
Total Harmonic Distortion + Noise THD+N
Fs =48 kHz in 128x mode -1 dB (Note 1) TBD 105 - dB
-20 dB (Note 1) TBD 97 - dB
-60 dB (Note 1) TBD 57 - dB
Fs =96 kHz in 64x mode -1 dB (Note 1) TBD 105 - dB
(40 kHz bandwidth) -20 dB (Note 1) TBD 97 - dB
-60 dB (Note 1) TBD 57 - dB
Fs = 48 kHz in 64x mode -1 dB (Note 1) TBD 105 - dB
-20 dB (Note 1) TBD 97 - dB
-60 dB (Note 1) TBD 57 - dB
Total Harmonic Distortion -1dB (Note 1) THD TBD | 0.00056 - %
Interchannel Phase Deviation - 0.0001 - deg
Interchannel Isolation - 120 - dB
Dynamic Range Performance Drift (following calibration) - 0.05 - dB/°C
dc Accuracy
Interchannel Gain Mismatch - 0.05 - dB
Gain Error - 5 TBD %
Gain Drift - +100 - ppm/°C
Offset Error (With high pass filter enabled) - 0 - LSB
Analog Input
Full-scale Differential Input Voltage (Note 2)| ViN TBD 4 TBD | Vpp
Input Impedance Differential|  Zin - 4.5 - kQ
Common-mode - TBD - kQ
Common-Mode Rejection Ratio CMRR - 82 - dB

Notes: 1. Referenced to typical full-scale differential input voltage (4.0 Vpp).

2. Specified for a fully differential input £{(AINR+)-(AINR-)}.The ADC accepts input voltages up to the
analog supplies (VA and AGND). Full-scale outputs will be produced for differential inputs beyond
VIN.

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

Specifications are subject to change without notice.
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DIGITAL FILTER CHARACTERISTICS (T,=25°C; VA, VL,VD = 5V+5%; Fs = 48 kHz)

CS5396 CS5397
Parameter Symbol | Min Typ Max | Min Typ Max | Unit
High-Performance Filter
Passband(-0.01 dB) 0 - 04604 O - 0.3958| Fs
Passband Ripple - - +0.005| - - +0.005| dB
Stopband 0.5542 - 63.45 |0.4979 - 63.50 | Fs
Stopband Attenuation 117 - - 117 - - dB
Group Delay (Fs = Output Sample Rate) tyd
128x Oversampling Mode - 34/Fs - - 34/Fs - us
64x Oversampling Mode - 34/Fs - - 34/Fs - us
Group Delay Variation vs. Frequency Atgg - - 0.0 - - 0.0 Hs
Low Group Delay Filter
Passband(-0.01 dB) 0 - 0.375 0 - 0.375| Fs
128x Oversampling Mode 0 - 0.188 0 - 0.188 | Fs
64x Oversampling Mode
Passbhand Ripple - - 0.015 - - 0.015| dB
Stopband 0.646 - 127.35| 0.646 - 127.35| Fs
128x Oversampling Mode 0.323 - 63.68 | 0.323 - 63.68 | Fs
64x Oversampling Mode
Stopband Attenuation 86 - 86 - dB
Group Delay (Fs = Output Sample Rate) tyd - 10/Fs - - 10/Fs - Hs
Group Delay Variation vs. Frequency Atgq - - 0.0 - - 0.0 Hs
High Pass Filter Characteristics
Frequency Response-3.0 dB (Note 3) - 1.8 - - 1.8 - Hz
-0.036 dB (Note 3) 20 - 20 - Hz
Phase Deviation@ 20Hz (Note 3) - 5.3 - - 5.3 - Deg
Passband Ripple - - 0 - - 0 dB

Notes:

3. Response shown is for Fs equal to 48 kHz. Filter characteristics scale with Fs.
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POWER AND THERMAL CHARACTERISTICS
(Ta =25 °C; VA, VL,VD = 5V+5%; Fs = 48 kHz; Master Mode)

64X oversampling | 128X oversampling
MCLK=12.288 MHz | MCLK=24.576 MHz
Parameter Symbol | Min Typ Max | Min Typ Max | Unit
Power Supply Current VA+VL Ia ) 150  TBD ) 160  TBD | mA
(Normal Operation) vD| Ip - 65 TBD - 125 TBD | mA
Power Supply Current VA+VL| 1A - 2 - - 3 - mA
(Power-Down Mode) vD| Ib - 2 - - 3.5 - mA
Power Consumption(Normal Operation) - 1075 TBD - 1425 TBD | mW
(Power-Down Mode) - 20 - - 33 - mw
Power Supply Rejection Ratio (1 kHz) PSRR - 65 - - 65 - dB
Allowable Junction Temperature - - 135 - - 135 °C
Junction to Ambient Thermal Impedance T - 45 - - 45 - °C/wW

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

Parameter Symbol Min Typ Max Units
High-Level Input Voltage A\ 2.4 - - \Y
Low-Level Input Voltage VL - - 0.8 Vv
High-Level Output Voltage at I, = -20 pA Vou VD-1.0 - - \%
Low-Level Output Voltage at I, = 20 pA VoL - - 0.4 \Y
Input Leakage Current lin - - +10 PA

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

Parameter Symbol Min Typ Max Units
DC Power Supplies: Analog VA -0.3 - +6.0 Y
Logic VL -0.3 - +6.0 \
Digital VD -0.3 - +6.0 \Y
[VA - VD| - - 0.4 v
(Note 6) - - 0.4 \
[VA - VL| - - 0.4 Vv
(Note 6)
[VD - VL|
(Note 6)
Input Current (Note 4) lin - - +10 mA
Analog Input Voltage (Note 5)| V)N AGND-0.7 - VA+0.7 \%
Digital Input Voltage (Note 5)| Vinp -0.3 - VD+0.7 \%
Ambient Operating Temperature (Power Applied) Ta -55 - +50 °C
Storage Temperature Tstg -65 - +150 °C

Notes: 4. Any pin except supplies. Transient currents of up to 100 mA on the analog input pins will not cause SCR
latch-up.

5. The maximum over/under voltage is limited by the input current.

6. Applies to normal operation. Greater differences during power up/down will not cause SCR latch-up.
WARNING: Operation beyond these limits may result in permanent damage to the device.
Normal operation is not guaranteed at these extremes.
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RECOMMENDED OPERATING CONDITIONS (AGND, DGND = 0V, all voltages with respect

to ground.)

Parameter Symbol Min Typ Max Units
DC Power Supplies: Positive Digital VD 4.75 5.0 5.25 \%
Positive Logic VL 4.75 5.0 5.25 \%
Positive Analog VA 4.75 5.0 5.25 \%
[VA - VD| - - 0.4 \Y
(Note 6)
Ambient Operating Temperature (Power Applied) Ta -10 - +50 °C

Specifications are subject to change without notice.

SWITCHING CHARACTERISTICS (1, = 25 °C; VA = 5V+5%; Inputs: Logic 0 = 0V,
Logic 1 = VA =VD; C_ = 20 pF)

Parameter Symbol Min Typ Max Units
Output Sample Rate Fs 2 - 100 kHz
MCLK Period telkw 39.06 - 1950 ns
MCLK Low Lok 26 - - ns
MCLK High teikn 26 - - ns
MCLK Fall Time telkit - - 8 ns
Master Mode
SCLK falling to LRCK tmsir -20 - +20 ns
SCLK falling to SDATA valid tsdo - - 20 ns
SCLK duty cycle - 50 - %
Slave Mode
LRCK Period 1/Fs 10 - 500 us
LRCK duty cycle - 50 - %
SCLK Period tsclkw 4 X o - - ns
SCLK Pulse Width Low tsciki 2 X topy - - ns
SCLK Pulse Width High tekn 60 - - ns
SCLK falling to SDATA valid tyss - - |taw+20ns| ns
LRCK edge to MSB valid tirdss - - tew 20 NS ns
SCLK rising to LRCK edge delay tsir1 tgw + 20 NS - - ns
LRCK edge to rising SCLK setup time tsir2 tow t 20 NS - - ns

DS229PP2 7
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CS5396 CS5397

SCLK output m
% r tmsir
\
B
—
|

C

SCLK to SDATA & LRCK - MASTER mode
Serial Data Format, L eft Justified

LRCK output

SDATA MSB >< MSB-1

— rtmslr

LRCK output

SDATA >< ‘ | msB
—

SCLK to SDATA & LRCK - MASTER mode
Serial Data Format, 12S compatible

tsir1 tsir2 tseikh sclkl
SCLK input
LRCK input X ‘
4 htlrdss J rtdss
SDATA ‘ ‘ MSB >< MSB-1 ‘ MSB-2

SCLK toLRCK & SDATA - SLAVE mode
Serial Data Format, L eft Justified

tsiry tsir2 tsclkh sclkl

SCLK input | ‘

LRCK input

SDATA ><

SCLK toLRCK & SDATA - SLAVE mode
Serial Data Format, 12S compatible

4‘ r tdss

‘ ‘ MSB MSB-1
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SPI CONTROL PORT SWITCHING CHARACTERISTICS (Tp=25°C;VD, VA=5V #5%;
Inputs: Logic 0 = DGND, Logic 1 = VD; C| = 20 pF)

Parameter ’ Symbol ’ Min ‘ Max Unit
SPI Mode
CCLK Clock Frequency fsck - 6 MHz
[ High Time Between Transmissions tesh 1.0 - us
CS Falling to CCLK Edge tess 20 - ns
CCLK Low Time tsel 66 - ns
CCLK High Time tsch 66 - ns
CDIN to CCLK Rising Setup Time tasu 40 - ns
CCLK Rising to DATA Hold Time (Note 7) tdh 15 - ns
Rise Time of CCLK and CDIN (Note 8) to - 100 ns
Fall Time of CCLK and CDIN (Note 8) t - 100 ns

Notes: 7. Data must be held for sufficient time to bridge the transition time of CCLK.
8. For FSCK <1 MHz.

€SS sch t

CCLK M

CDIN

tdsu tgh
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I2C CONTROL PORT SWITCHING CHARACTERISTICS (Ta =25°C; VD, VA = 5V #5%;
Inputs: Logic 0 = DGND, Logic 1 = VD; C; = 20 pF)

Parameter ’ Symbol ’ Min ‘ Max Unit
Fc® Mode (Note 9)
CCLK Clock Frequency fsel - 100 kHz
Bus Free Time Between Transmissions thuf 4.7 - us
Start Condition Hold Time (prior to first clock pulse) thast 4.0 - us
Clock Low Time tow 4.7 - us
Clock High Time thigh 4.0 - us
Setup Time for Repeated Start Condition tsust 4.7 - us
CDIN Hold Time from CCLK Falling (Note 10) thdd 0 - Hs
CDIN Setup Time to CCLK Rising tsud 250 - ns
Rise Time of Both CDIN and CCLK Lines t - 1 ps
Fall Time of Both CDIN and CCLK Lines t - 300 ns
Setup Time for Stop Condition tsusp 4.7 - Hs

Notes: 9. Use of the I°C® bus interface requires a license from Philips.
10. Data must be held for sufficient time to bridge the 300 ns transition time of SCL.

Repeated
Stop  Start Start

([ [

1) ‘ —‘
CDIN |

i | \

high thast

fl—

CCLK L ‘
«— >
sud tsust L
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+5V Digital
s
0.1 puF £ JﬁlpF
+5V Analog ~ ~
pe 1pF — 0.1 uF % 01wF
VA ks 4
24 23 11
1 VA VL VD
L VREF CS/PDN |«19
470 F <~ 0.1 uF CDIN/DFS |+ 18 p-Controller/
|17 Configuration
5 CCLK/SM
+ ' VCOM 10
100 pF % é 0.1 pF CAL
Left Analog Input + A SDATAL 16 Audio
WW AINL+ SDATA2 15 Data
39Q CS5396/7 Processor
ST A/D CONVERTER
39 Q ; 13
MA AINL- LRCK [ B
Left Analog Input - SCLK ¢ T|m|r_19
7 Logic
Right Analog Input + MCLKA 20 & Clock
M 27 MCLKD |«
AINR+
39Q 9
6.8nF—— DACTL
39Q
it s
AINR-
Right Analog Input - ADCTL |« 8
_8
TSTO1 TSTO pins should be left
TSTO2 | 21 floating, with no trace
AGNDO LGND DGND AGND1 AGND2 attached

FEEFE
v L

Figure 1. Typical Connection Diagram
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CS5396 CS5397

GENERAL DESCRIPTION

The CS5396/97 is a 24-hit, stereo A/D converter
designed for stereo digital audio applications. The
analog input channels are simultaneously sampled
by separate, patented, 7th-order tri-level delta-sig-
ma modulators at either 128 or 64 times the output
samplerate (64% Fsor 128% Fs) of the device. The
resulting serial bit streams are digitally filtered,
yielding pairs of 24-bit values at output sample
rates (Fs) of up to 100 kHz. This technique yields
nearly ideal conversion performance independent
of input frequency and amplitude. The converter
does not require difficult-to-design or expensive
anti-alias filters, and it does not require external
sample-and-hold amplifiers or voltage references.
Only normal power supply decoupling compo-

128x Oversampling Mode

Reduction of 24-bit data to 20, 18 or 16-bit data
with psychoacoustically optimized dither

Programmability of psychoacoustic filter coef-
ficients

Peak Input Signal Level Monitor with either
High Resolution or Bar Graph mode selection

Signal inversion
High pass filter defeat
Mute

Access to the digital filter to allow the input of
external digital audio data to produce a two-to-
one decimated output and/or psychoacoustic bit
reduction.

nents, voltage reference bypass capacitors and a
single resistor and capacitor on each input for anti-
aliasing arerequired, as shown in Figure 1. An on-
chip voltage reference provides for a differentia
input signal range of 4.0 Vpp. The device also con-
tains a high pass filter, implemented digitally after
the decimation filter, to completely eliminate any
internal offsets in the converter or any offsets
present at the input circuitry to the device. Output
data is available in serial form, coded as 2's com-

STAND-ALONE MODE

Master Clock - Stand-Alone Mode

The master clock is the clock source for the delta-
sigma modulator sampling (MCLKA) and digital
filters (MCLKD). The required MCLKA/D fre-
guency is determined by the desired Fs and must be
256x Fs. Table 1 shows some common master
clock frequencies.

plement 24-bit numbers. For more information on

LRCK MCLKA/D SCLK
delta-sigma modulation techniques see the refer- (kHz) (MHz) (MHz)
ences at the end of this data sheet. 32 8.192 2.048

44.1 11.2896 2.822
Stand-Alonevs. Control Port M ode 48 12.288 3.072
The CS5396/97 can operate in either Stand-Alone 86842 21265378;2 54 .6049468
or Control Port Mode. The functionality of pins 17, % 54576 6144

18 and 19 is established upon entering either the
Stand-Alone or Control Port mode, as described in Table 1. Common Clock Frequenciesfor Stand-Alone
the Pin Description section. Mode

Serial Data Interface - Stand-Alone Mode

The CS5396/97 supports two serial data formats
which are selected via the digital format select pin,
DFS. The digital output format determines the rela-
tionship between the serial data, left/right clock and
serial clock. Figures 2 and 3 detail the interface for-

The Control Port Mode requires a micro-controller
and allows access to many additional features,
which include:

12 DS229PP2
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CS5396 CS5397

mats. The seria datainterface is accomplished via
the serial data outputs; SDATA1 and SDATAZ2; se-
rial data clock, SCLK, and the left/right clock,
LRCK. The seria nature of the output data results
in the left and right data words being read at differ-
ent times. However, the samples within an LRCK
cycle represent simultaneously sampled analog in-
puts.

Serial Data- Stand-Alone Mode

The seria data block consists of 24 bits of audio
data presented in 2's-complement format with the
MSB-first. The datais clocked from SDATA1 and
SDATAZ2 by the serial clock and the channel is de-
termined by the Left/Right clock. Thefull precision
24-bit datais available on SDATA1 and the output
from the low group delay filter is available on
SDATAZ2.

Serial Clock - Stand-Alone Mode

The serial clock shiftsthe digitized audio datafrom
the internal data registers via the SDATA1 and
SDATAZ2 pins. SCLK isan output in Master Mode
whereinternal dividerswill divide the master clock
by 4 to generate a seria clock which is 64% Fs. In
Slave Mode, SCLK is an input with a serial clock
typically between 48% and 128% Fs. However, it is
recommended that SCLK be equal to 64%, though
other frequencies are possible, to avoid potential
interference effects which may degrade system per-
formance.

Left/Right Clock - Stand-Alone Mode

The Left/Right clock, LRCK, determines which
channel, left or right, is to be output on SDATA1
and SDATAZ2. In Master Mode, LRCK isan output
whose frequency is equal to Fs. In Slave Mode,
LRCK is an input whose frequency must be equal
to Fsand synchronousto MCLKA/D.

Master Mode - Stand-Alone Mode

In Master mode, SCLK and LRCK are outputs
which areinternally derived from the master clock.

Internal dividers will divide MCLKA/D by 4 to
generate a SCLK which is 64% Fs and by 256 to
generate a LRCK which is equal to Fs. The
CSb396/97 is placed in the Master mode with the
slave/master pin, M, low.

Slave M ode - Stand-Alone M ode

LRCK and SCLK become inputsin SLAVE mode.
LRCK must be externally derived from MCLKA/D
and be equal to Fs. It is recommended that SCLK
be equal to 64%. Other frequencies between 48x
and 128x Fs are possible but may degrade system
performance due to interference effects. The mas-
ter clock frequency must be 256XxFs. The
CSbh396/97 is placed in the Slave mode with the
slave/master pin, S/M, high.

High Pass Filter - Stand-Alone M ode

The CS5396/97 includes a high passfilter after the
decimator to remove the DC offsets introduced by
the analog buffer stage and the CS5396/97 analog
modulator. The characteristics of this first-order
high pass filter are outlined below, for Fs equal to
48 kHz. This filter response scales linearly with
samplerate.

Frequency response: -3dB @ 1.8 Hz

-0.036 dB @ 20 Hz
Phase deviation: 5.3 degrees @ 20 Hz
Passband ripple: None

Power-up and Calibration - Stand-Alone
Mode

The deltasigma modulators settle in a matter of
microseconds after the analog section is powered,
either through the application of power or by exit-
ing the power-down mode. However, the voltage
reference will take amuch longer timeto reach afi-
nal value due to the presence of external capaci-
tance on the VREF pin. A time delay of
approximately 10ms/puF is required after applying
power to the device or after exiting a power down
state.

DS229PP2
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A calibration of thetri-level delta-sigmamodulator
should always be initiated following power-up and
after allowing sufficient time for the voltage on the
external VREF capacitor to settle. Thisis required
to minimize noise and distortion. It is also advised
that the CS5396/97 be calibrated after the device
has reached thermal equilibrium, approximately 10
seconds, to maximize performance.

Synchronization of Multiple Devices -
Stand Alone M ode

In systems where multiple ADCs are required, care
must be taken to achieve simultaneous sampling. It
Is recommended that the rising edge of the CAL
signal be timed with afalling edge of MCLK to en-
sure that all devices will initiate a calibration and
synchronization sequence on the same rising edge
of MCLK. The absence of re-timing of the CAL
signal can result in a sampling difference of one
MCLK period.

SDATA

CONTROL PORT MODE

Accessto Control Port Mode

The mode sel ection between Stand-Alone and Con-
trol Port Mode is determined by the state of the
SDATAL pin 250 MCLK cycles following the in-
ternal power-on reset. A 47 kQ pull-up resistor on
SDATAZL will select the Control Port Mode. How-
ever, the control port will not respond to CCLK and
CDIN until the pull-up on the SDATA1 pinisre-
leased.

I nternal Power-On Reset

The timing required to determine Control port
mode and 12S/SPI mode is based on an internal
power-on reset. The internal power-on reset re-
quires the power supply to exceed athreshold volt-
age. However, there is no externa indication of
when the internal reset is activated. If precise tim-
ing of the Control port and 1?S/SP! decisionsis re-
quired, MCLK should not be applied until the
power supply has stabilized.

LRCK | ( Left Right
SCLK T
23[22] To[8[7]6]5]4]3]2]1]0] 2322] Jo8[7]6]5]4]3]2]1]0] 23|22
MASTER SLAVE
24-Bit Left Justified Data 24-Bit Left Justified Data
Data Valid on Rising Edge of 64x SCLK | Data Valid on Rising Edge of SCLK
MCLK equal to 256x Fs MCLK equal to 256x Fs
Figure?2. Serial Data Format 0, Stand-Alone Mode, DFSlow. L eft Justified.
LRCK | Left Right

soata  [23]22] [o]8[7[6]5]4]3]2][1]0]

23]22] Jo8[7]6]5]4]3]2]1]0]

23|22

MASTER

SLAVE

1S 24-Bit Data
Data Valid on Rising Edge of 64x SCLK
MCLK equal to 256x Fs

12S 24-Bit Data
Data Valid on Rising Edge of SCLK
MCLK equal to 256x Fs

Figure3. Serial Data Format 1, Stand-Alone Mode, DFS High. 1S compatible

14
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CS5396 CS5397

Master Clock - Control Port Mode

The master clock is the clock source for the delta-
sigma modulator sampling (MCLKA) and digital
filters (MCLKD). The required MCLKA/D fre-
guency isdetermined by the desired Fsand the cho-
sen Oversampling Mode. Table 2 shows some
common master clock frequencies.

64x vs. 128x Over sampling M odes

The CS5396/97 can operatein a64x Oversampling
Mode with a 256x master clock (MCLKA/D) at a
maximum sample rate of 100 kHz. The device can
also operate in a 128x Oversampling Mode with a
512x master clock (MCLKA/D) where the maxi-
mum Fsis 50 kHz. Notice that the required master
clock is 24.576 MHz for Fs equal to either 48 kHz
in the 128x Oversampling Mode or 96 kHz in the
64x Oversampling Mode. The sampling mode is
set viathe control register which alters the decima-
tion ratio of the digital filter. The 64x Oversam-
pling Mode is the default mode. Table 2 shows
some common clock frequencies for both modes.
Refer to Appendix A for additional discussion of
64x vs. 128x Oversampling Modes.

LRCK Over- MCLKA/D SCLK
(kHz) sampling (MHz) (MHZz)
32 64 8.192 2.048
44.1 64 11.2896 2.822
48 64 12.288 3.072
32 128 16.384 4.096
44.1 128 22.5792 5.6448
48 128 24.576 6.144
64 64 16.384 4.096
88.2 64 22.5792 5.6448
96 64 24.576 6.144

Table 2. Common Clock Frequencies

Serial Data Interface - Control Port Mode

The CS5396/97 supports two serial data formats
which are selected viathe control register. The dig-
ital output format determines the relationship be-
tween the seria data, left/right clock and serial

clock. Figures 4 -7 detall the interface formats.
The seria datainterfaceisaccomplished viathe se-
rial data outputs;, SDATAL and SDATAZ2, seria
data clock, SCLK, and the left/right clock, LRCK.
The serial nature of the output dataresultsin the left
and right data words being read at different times.
However, the sampleswithin an LRCK cyclerepre-
sent simultaneously sampled analog inputs.

Serial Data - Control Port Mode

The serial data block is presented in 2's-comple-
ment format with the M SB-first. Thedatais clocked
from SDATAL and SDATAZ2 by the serial clock
and the channel is determined by the Left/Right
clock. The full precision 24 hit datais available on
SDATA1 and the output from the low group delay
isavailable on SDATA2.

The serial data can be followed by 8 Peak Signa
Level, PSL, hits as shown in Figures 4 -7 if the
PKEN bit is set. Refer to the Dua Audio Output
section of this data sheet for further discussion of
SDATA1 and SDATAZ2 options.

Serial Clock - Control Port Mode

The serial clock shiftsthe digitized audio datafrom
the internal data registers via SDATA1 and
SDATA2. SCLK is an output in Master Mode
whereinternal dividerswill divide the master clock
by 4 to generate a serial clock which is 64% Fsin
the 64x Oversampling Mode. In the 128x Over-
sampling Mode, internal dividers will divide
MCLKA/D by 4 to generate a SCLK whichis 128x
Fs. In Slave Mode, SCLK is an input with a serial
clock typically between 48x and 128x Fs. It isrec-
ommended that SCLK be equal to 64% in the 64%
Oversampling Mode and equal to 128x% in the 128x
Oversampling Mode to avoid possible system per-
formance degradation due to interference effects.

Left/Right Clock -Control Port Mode

The Left/Right clock, LRCK, determines which
channel, left or right, is to be output on SDATAL

DS229PP2
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soaTa  [24]23] [o]8[7[6]5]4]3]2]1]0][r7|Pe[rs|palra]pzlpa]Po|24]23] o[8[ 7[6 5[4 ]3] 2]1]0[p7[Pe|ps pa[palpzPi]po2a]23]

MASTER SLAVE

24-Bit Left Justified Data 24-Bit Left Justified Data

Data Valid on Rising Edge of 64x SCLK Data Valid on Rising Edge of SCLK
MCLK equal to 256x Fs MCLK equal to 256x Fs

Figure4. Control Port Mode, Serial Data. L eft Justified. 64x Over sampling M ode
The peak signal level bits are available only if Bit 6 of Byte 7 is set.

LRCK | Left \ Right
SCLK f

soata  [24]23] [o]8[7[6]5]4]3]2]1]0][r7|re[rs|palra]pzlpa]po|24]23] o[8[ 7[6 5[4 ]3] 2]1]0[p7[re|ps pa[palpzPi]poaa]23]

MASTER SLAVE

12S 24-Bit Data %S 24-Bit Data

Data Valid on Rising Edge of 64x SCLK Data Valid on Rising Edge of SCLK
MCLK equal to 256x Fs MCLK equal to 256x Fs

Figure5. Control Port Mode, Serial Data. 12S Compatible. 64x Over sampling M ode.
The peak signal level bits are available only if Bit 6 of Byte 7 is set.

LRCK | Left \ Right [
Srainshnnnhinnnnnnnshinnshinnniinnnhnnhsnnn

spata  [23[22] [ 1] o |p[pe|ps|P4]pa]p2|P]Pol 23]22] 1] o [P7]Pe[Ps|pa]pa]pzP1]Po] 23[22
MASTER SLAVE
24-Bit Left Justified Data 24-Bit Left Justified Data
Data Valid on Rising Edge of 128x SCLK Data Valid on Rising Edge of SCLK
MCLK equal to 512x Fs MCLK equal to 512x Fs

Figure6. Control Port Mode, Serial Data. L eft Justified. 128x Over sampling M ode
The peak signal level bits are available only if Bit 6 of Byte 7 is set.

LRCK | Left ‘ Right
sew [T U U U UL, U, U U U g, WU

soaTA  [23[22] [ 1] o |P7[pe|ps|p4lpa]p2|p1]pol 23]22]" 1] o [P7|Pe[Ps|pa|pa]pz]P1]po] 23[22
MASTER SLAVE
1S 24-Bit Data 1S 24-Bit Data
Data Valid on Rising Edge of 128x SCLK Data Valid on Rising Edge of SCLK
MCLK equal to 512x Fs MCLK equal to 512x Fs

Figure7. Control Port Mode, Serial Data. 1°S Compatible. 128x Over sampling M ode.
The peak signal level bits are available only if Bit 6 of Byte 7 is set.
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and SDATAZ2. In Master Mode, LRCK isan output
whose frequency is equal to Fs. In Slave Mode,
LRCK is an input whose frequency must be equal
to Fsand synchronousto MCLKA/D.

Master Mode- Control Port Mode

In Master mode, SCLK and LRCK are outputs
which areinternally derived from the master clock.
In the 64x Oversampling Mode, internal dividers
will divide MCLKA/D by 4 to generate a SCLK
which is 64% Fs and by 256 to generate a LRCK
which is equal to Fs. In the 128x Oversampling
Mode, internal dividers will divide MCLKA/D by
4to generate a SCLK which is 128x Fsand by 512
to generate a LRCK which is equal to Fs. The
CS5396/97 is placed in the Master mode via the
control register.

Slave M ode - Control Port Mode

LRCK and SCLK become inputsin SLAVE mode.
LRCK must be externally derived from MCLKA/D
and be equal to Fs. It is recommended that SCLK
be equal to 64% in the 64x Oversampling Mode and
equal to 128x in the 128x Oversampling Mode.
Other frequencies are possible but may degrade
system performance due to interference effects.
The CS5396/97 is placed in the Slave mode viathe
control register.

Synchronization of Multiple Devices -
Control Port Mode

In systems where multiple ADCs are required, care
must be taken to achieve simultaneous sampling.
The FSTART bitinregister 1 controlsthe synchro-
nization of the internal clocks and sampling pro-
cess between the analog modulator and the digital
filter. Multiple ADCs can be synchronized if the
FSTART command isinitiated on the same edge of
MCLK. This can be accomplished by re-timing the
CCLK clock with the falling edge of MCLK. This
Is arelatively smple matter if the ADCs have the
same address. However, if the system requires the

devices to have individual addresses, synchroniza-
tion can be accomplished by;

1) Disable the address enable bit (ADDREN) in
register 7

2) Issue a system broadcast FSTART command
synchronized with CCLK.

3) Reset the ADDREN hit.

Power -up and Calibration - Control Port
Mode

The delta-sigma modulators settle in a matter of
microseconds after the analog section is powered,
either through the application of power or by exit-
ing the power-down mode. However, the voltage
reference will take amuch longer timeto reach afi-
nal value due to the presence of external capaci-
tance on the VREF pin. A time delay of
approximately 10ms/uF is required after applying
power to the device or after exiting a power down
State.

A calibration of thetri-level delta-sigmamodulator
should always be initiated following power-up and
after allowing sufficient time for the voltage on the
external VREF capacitor to settle. Thisis required
to minimize noise and distortion. It is also advised
that the CS5396/97 be calibrated after the device
has reached thermal equilibrium to maximize per-
formance. A calibration sequence requires the fol-
lowing commands;

1) set the FSTART hit
2) set the GND CAL hit
3) set the CAL bit

4) Wait a minimum of 2050 LRCK periods in the
128x mode or 4100 LRCK periods in the 64x
mode.

5) Remove GND CAL

High Pass Filter -Control Port Mode

The CS5396/97 includes a high passfilter after the
decimator to remove the DC offsets introduced by

DS229PP2
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the analog buffer stage and the CS5396/97 analog  P7 - Overrange

modulator. The high pass filter can be defeated 0 - Analog input less than full-scale level
with the control register. It isalso possibleto write 1 - Analog input greater than full-scale
to theleft/right offset registersto establishaprede-  pg _ |gle channd

termined offset. 0- Analog input >-60 dB from full-scale
The characteristics of this first-order high passfil- 1 - Analog input <-60 dB from full-scale
ter are outlined below for Fs equal to 48 kHz. The  pg i pp - Input Level Bits (1 dB steps)

filter response scales linearly with sample rate. Inputs <0 dB P5 - PO
Frequency response: -3dB @ 1.8 Hz 0dB 000000

-0.036 dB @ 20 Hz -1dB 000001
Phase deviation: 5.3 degrees @ 20 Hz -2dB 000010
Passband ripple: None -60 dB 111100

Input Level Monitoring - Control Port Mode  Bar Graph Mode

The CS5396/97 includes independent Peak Input  Thismode provides a decoded output format which
Level Monitoring for each channel. Theanalog-to-  indicates the peak input signal level in a “Bar
digital converter continually monitorsthepeak dig-  Graph” format which can be used to drive front
ital signal for both channels and recordsthese val-  panel LEDs. This decoded output can be used to
uesinthe Activeregisters. Thisinformation canbe  drive front panel LEDs.

transferred to the Output registers by writing the

Input Level T7-T0
PU (Peak Update) bit which will also reset the Ac- a\m 11111111
tive register. The Active register containsthepeak 5 4B 1 -3 dB 01111111
signal level sincethe previous pesk updaterequest. 5 4g o .6 dB 00111111
The 8-hit contents of the output registers are avail- 6 dB to -10 dB 00011111
ablein both interface modes. The peak signal level ;4 4515 .20 dB 00001111
mfo_rmatlon isavailablein two formats - High Res- 20 dB to -30 dB 00000111
olution Mode and Bar Graph Mode. Theoutputfor- 54 4o+ 40 dB 00000011
mat is controlled viathe control register. .40 dB to -60 dB 00000001
High Resolution Mode <-60dB 00000000

Bits P7-PO indicate the Peak Signal Level (PSL)  Dual Digital Audio Outputs
since the previous peak update (or previouswriteof e ©55396/97 contains two stereo digital audio

the PU bit). If the ADC input level islessthanfull- - o45¢ channels - SDATAL and SDATA2. These
scale, bits P5-PO represent the peak value from -, 4ig output channels are completely independent,
60 dB to 0dB of full scalein 1dB steps. The PSL 55 SpATA1 can contain 24-bit audio data simulta-
outputs are accurate to within 0.25 dB. Bit PE pro- - a5 with psychoacoustic audio data on SDATA2.
vides a coarse means of determining an ADCinput  Anather example of this independence is 24-bit au-

idle (_:qndit_ion. Bit P7 i_ndicates an '_A‘DC overflow g gata output on SDATAL simultaneously with a
condition if the ADC input level is greater than |, group delay output on SDATA2.

full-scale. )
The audio output formats are completely program-

mable through the€C/SPI pC interface. The output
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formats include: inverted output, psychoacoustic
output (16-bit, 18-bit, 20-bit), and low group delay
output.

Psychoacoustic Filter

The CS5396/97 includes a programmable 10 tap
digital filter which can be used to perform psycho-
acoustic noise-shaping of the audio spectrum if
desired. The filter can implement a variety of 16-
bit, 18-bit, or 20-bit noise-shaped responses by
setting the digital filter coefficients. Further dis-
cussion of the psychoacoustic filter can be found
in Appendix C.

Appendix B discusses an application using the psy-
choacoustic filter independently of the A/D con-
verter function. Inthismode, SDATA2 becomesan
input to the psychoacoustic filter stage and
SDATA1listhedigital audio output.

Low Group Delay Filter

The characteristics of the low group delay filter are
shown in Figures 17 - 24.

HC Interface Formats

The device supports either SPI or 1°C interface for-
mats. The CS5396/97 monitors the state of CS dur-
ing power-up and will configure to an SPI interface
if the pinisheld low. Conversely, if the pinisheld
high, the port will configure to a I%C interface.

SPI Mode
In SPI mode, CSisthe chip select signal, CCLK is

that is to be updated. The next 8 bits are the data
which will be placed into the register designated by
the MAP.

The CS5396/97 has a MAP auto increment, which
will increment the MAP after each byte is written,
allowing block writes of successive registers.

12C Mode

In 1°C mode, CDIN is a bidirectional data line.
Data is clocked into and out of the part by CCLK.

The eighth bit of the address byte is the Rt/
(high for a read, low for a write). If the operation is

a write, the next byte is the Memory Address Point-
er which selects the register to be read or written. If
the operation is a read, the contents of the register
pointed to by the Memory Address Pointer will be
output. MAP allows successive reads or writes of
consecutive registers. Each byte is separated by an
acknowledge bit. Use of théa bus compatible in-
terface requires a license from Philig’C bus in a
registered trademark of Philips Semiconductors.

Establishing the Chip Addressin 1°C Mode

Connecting SDATA1 pin and O® 5 volts during
power-up will set the device to the Control Port and
1°C mode. However, the control port will not re-
spond to CCLK and CDATA until the hold on the
SDATAL1 pin is released. The chip address can be
set by:

1) Release the hold on the SDATAL pin of the de-
vice to be addressed.

the uC bit clock and CDIN is the input data line _
from the microcontroller. Notice that it is not pos-2) Program the chip address and set the Address

sible to read the CS5396/97 registers in SPI mode Enable bit, addren, which will prevent further

due to the lack of a data output pin.

To write to a register, bring O8w. The first 7 bits

communication to this device without the cor-
rect address.

on CDIN are the chip address, and must be zerd) Repeat steps 1 and 2 for the remaining devices

The eighth bit is a read/write indicator (RYW

which must be low.

on the bus.

ANALOG CONNECTIONS-ALL MODES

The next 8 bits form the Memory Address Pointeq, ;e 1 shows the analog input connections. The
(MAP), which is set to the address of the registefa10q inputs are presented differentially to the

DS229PP2
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modulators via the AINR+/- and AINL+/- pins.  to the sensitivity of this node, the circuit traces at-
Each analog input will accept a maximum of tached to these pins must be minimal in length and
2.0 Vpp. The + and - input signals are 180° out ofio load current may be taken from VREF. It is pos-
phase resulting in a differential input voltage ofsible to use VCOM as a reference voltage to bias
4.0 Vpp. Figure 8 shows the input signal levels fothe input buffer circuits, if the circuit trace is very
full scale. short and VCOM is buffered at the converter (refer
to the CDB53965/97). The recommended decou-

CS5396/97 pling scheme for VREF, Figure 1, is a 470 pF elec-
+3.5V — < . . . .
gy [ } 7Y f N AN trolytic capacitor and a 0.1 uF ceramic capacitor
sy AN . connected from VREF to AGND. The recommend-
35V — — — ed decoupling scheme for VCOM, Figure 1, is a
2.5V ﬁ% AIN- 100 pF electrolytic capacitor and a 0.1 pF ceramic
sV T T capacitor connected from VCOM to AGND.

Full Scale Input level= (AIN+) - (AIN-)= 4.0 Vpp GROUNDI NG AND POWER SUPPLY
DECOUPLING - ALL MODES

As with any high resolution converter, the ADC re-

quires careful attention to power supply and
The analog modulator samples the input agrounding arrangements if its potential perfor-
6.144 MHz (MCLK=24.576 MHz) corresponding mance is to be realized. Figure 1 shows the recom-
to Fs equal to 48 kHz in the 128versampling mended power arrangements, with VA and VL
Mode and Fs equal to 96 kHz in the6@versam- connected to a clean +5 V supply. VD, which pow-
pling Mode. The digital filter will reject signals ers the digital filter, should be run from the system
within the stopband of the filter. However, there ist+5 V |ogic supply, provided that it is not excessive-
no rejection for input signals which arely noisy (< #50 mV pk-to-pk). Decoupling capaci-
(n % 6.144 MHz) + the digital passband frequencytors should be as near to the ADC as possible, with
where n=0,1,2,...A 39 resistor in series with the the low value ceramic capacitor being the nearest.

analc_)g Input ?”d a6.8nF COG capamtor b(_:'twee'Phe printed circuit board layout should have sepa-
the inputs will attenuate any noise energy at

. - - : rate analog and digital regions and ground planes,
6.144 M.HZ’ in addition to providing the optimum ith the ADC straddling the boundary. All signals,
source impedance for the modulators. The use

0 .
. . -~ _especially clocks, should be kept away from the
capacitors which have a large voltage coefficie ?REF pin in order to avoid unwanted coupling into

(such as general purpose cer.amlcsf) m“f5t be aVOlre modulators. The VREF decoupling capacitors,
ed since these can degrade signal linearity. If active

o . articularly the 0.0uF, must be positioned to min-
circuitry precedes the ADC, it is recommended th??mize the electrical path from VREF and pin 3,

the above RC filter is placed between the active CiIRGND. The CDB5396/97 evaluation board dem-

cuitry and the AINR and AINL pins. The above ex- .
onstrates the optimum layout and power supply ar-

ample frequencies scale linearly with output . .
rangements, as well as allowing fast evaluation of
sample rate.

the ADC.

The on-chip voltage reference and the ComMmOR, minimize digital noise, connect the ADC digital

mode voltage are available at VREF and VCOM :
) outputs only to CMOS inputs.
for the purpose of decoupling only. However, due

Figure8. Full scaleinput voltage
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DIGITAL FILTERPLOTS 0.5 frequency point on the plot refers to 24 kHz.

Figures 9-24 show the performance of the digital | ne filter frequency response scales precisely with

filters included in the ADC. All plots are normal- Fs.
ized to Fs. Assuming a sample rate of 48 kHz, the
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Figure9. CS5396 Stop Band Attenuation Figure 10. CS5396 Passband Ripple
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REGISTER DESCRIPTION

** “default” ==> bit status after power-up-sequence

Analog control (address 00000001)

CS5396 CS5397

7 6 5 4 3 2 1 0
fstart gndcal aapd adpd 1bit
0 0 0 0 0

FSTART (Frame start)Default = ‘0’
This bit must be set to ‘1’ to synchronize the modulator output and the decimation filter input
and is automatically reset to ‘0’ after a “fstart” pulse is sent to the analog and digital block.

GNDCAL (Ground calibration enable)
Default = ‘0"
Modulator input is tied to internal “Vcom” when this bit is ‘1’.

AAPD (Analog Section of modulator in power down)
Default ='0'.
The analog section of the modulator is in power down mode when aapd = ‘1’

ADPD (Digital Section of modulator in power down)
Default = ‘0"
The digital section on the modulator is in power down mode when adpd = ‘1".

TEST BIT Default ='0'.
Must remain at 0.
Mode (address 00000010)
7 6 5 4 3 2 1 0
128x/64x cal change_sign _LR/LL _hpen s/ m DFS mute
0 0 0 0 0 0 0 0
128x/64x Default = ‘0.

Oversampling ratio is 128 when this bit is ‘1’ and 64 when this bit is ‘0’

CAL (System calibration enable)

Default = ‘0"
Setting this bit to ‘1" will initiate calibration.
This bit is automatically reset to ‘0’ following calibration.

Change_sign (Change Sign enable)

Default = ‘0'.
A ‘1’ will interchange the analog input paths within each channel resulting in a phase inversion
of the analog signal. This bit applies to both channels.

_LRI/LL (Left-Right output disable) Default = ‘0'.

If this bit is ‘0’, SDATAL will output the Left and Right channel data from the sdatal source and
SDATAZ2 will output the Left and Right channel data from the sdata2 source as described else-
where in the data sheet.

If this bit is set to ‘1’, the Left channel data from sdatal source and sdata2 source (stored in
Audio port register) will be sent out in SDATAL. SDATAZ2 will output all the Right channel data.

DS229PP2
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HPEN (HP enable) Default = ‘0'.
The highpass filter will be disabled when _HPEN = ‘1". The highpass filter will be automatically
enabled following calibration.

S/_M (Slave / Master mode) Default = ‘0'.
In master mode, LRCK, and SCLK are outputs. In slave mode, LRCK and SCLK are inputs.
This bit is ignored when sdatal is used as input port in “fir2in” or “psychoin” mode (refer to Dig-
ital control & Tag register and Appendix B).

DFS (Digital Format Select)Default = ‘0’

Output of serial data complies with 1°S standard when DFS is 1. Out-
put of serial data is Left Justified when DFS is 0.
MUTE Default = ‘0'.
Data at SDATAL and SDATAZ is always ‘0’ when this set to ‘1'.
Audio port (address 00000011)
7 6 5 4 3 2 1 0
24bit 24bit psycho psycho lgd lgd
(sdatal) (sdata2) (sdatal) (sdata2) psell8/_16 psel20/_16 (sdatal) (sdata2)
1 0 0 0 0 0 0 1
24bit(SDATAL) Default = ‘1",
A ‘1’ enables the serial audio port 1 to transmit the 24-bit high precision output.
This bit must be set to ‘0’ to enable other SDATAL output options.
24bit(SDATA2) Default = ‘0"
A ‘1’ enables the serial audio port 2 to transmit 24-bit high precision output. This bit must be set
to ‘0’ to enable other SDATAZ2 output options.
psycho(SDATA1l) Default="'0".
psychoacoustic output will be the data at the serial audio port 1 if this bit is ‘1" and all other bits
of the port are set to ‘0’
psycho(SDATA2) Default ='0".

psychoacoustic output will be the data at the serial audio port 2 if this bit is ‘1’ and all other bits
of the port are set to ‘0’.

psell8/_16(Psycho 18bit or 16bit)

Default =0’
This bit indicates the number of output bit if the psychoacoustic filter is chosen as output. A ‘0’
here allows 16 bits output whereas a ‘1’ allows 18 bits output as long as “psel20/_16" is ‘0.

psel20/_16(Psycho 20bit)

Default = ‘0"
This bit has the highest priority when setting the number of output bit of psychoacoustic filter. If
this bit is ‘1", the output is set to 20-bit regardless of the status of “psel18/_16".

LGD(sdatal) Default = ‘0.
24-bit low-group-delay filter output will go through a highpass filter if “_hpen” bit in the Mode
register is ‘0’. The LGD output will be the data at the serial audio port 1 if this bit is ‘1’ and all
other bits of the port set to ‘0'.

LGD(sdata2) Default =1,

26
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24-bit low-group-delay filter output will go through a high passfilter if “_hpen” bit in the Mode
register is ‘0. If “_hpen”is ‘1’, data at the serial audio port will derive directly from the LGD filter
output.

If more than 1 bit is set for sdata2, low-group-delay filter output will be selected for output at the
port.

Test Mode O(address 00000100)

7 6 5 4 3 2 1 0
aoverflow doverflow firl_en firLl(LRCK) _psydither dstartl dstartO
0 0 0 0 0 0 0
aoverflow A ‘1’ indicates an overflow condition occurs in the modulator. This bit is reset by reading the
register.
doverflow A ‘1’ indicates an overflow condition occurs in the decimation filter. This bit is reset by reading

the register.

Default =‘0'.
Test purpose only.

firl_en(sdata)

firlL_R(firl L channel enable)
Default ='0'.
Test purpose only.

_psydither(psychoacoustic filter dither disable)
Default =0’
A ‘0’ means adding dither in the psychoacoustic filter.

dstartl, dstart2(dstart control bits)
Default = ‘00’
Test purpose only.

Test Mode 1(add 00000101)

7 6 5 4 3 2 1 0
| test mode. reserved for factory use only

FOR FACTORY USE ONLY
Chip Address (address 00000110)

7 6 5 4 3 2 1 0
caddr6 caddr5 caddr4 caddr3 caddr2 caddrl caddrO
0 0 0 0 0 0 0

caddr(6-0) (chip address (bit6 to bit0))
Default = ‘0000000'.
This is used to store the programmable chip address for 12C and SPI mode.
When more than 1 device are connected to the 12C or SPI buses and using chip address is nec-
essary, chip address set up is done by:
1) Hold the SDATAL pin of every chip to ‘1’ during power up.
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2) Release the SDATAL1 pin of the chip that is going to be programmed with chip address.

3) Send chip address and “addren”="1’ (in Register 7) through the serial control port. (The re-
maining devices will not repond to this request.)

4) Repeat step 2) and step 3) for to other chips one-by-one. (SDATA1 output is tri-stated until
it is released from pull up.)

Digital Control & Peak Sgnal Level (address 00000111)

7 6 5 4 2 1 0
ADDREN pken pkupdate hr/_bg ddpd fir2in psychoin
0 0 0 0 0 0 0

addren(chip address enable)
Default = ‘0’
When this bitis ‘0’, no chip address comparison is done. The chip will response to all the request
from Control Port.
When this bit is ‘1, the chip responds to the uC only if the chip address from the uC matches
the chip address stored in “caddr(6-0)".

pken(PEAK enable) Default = ‘0'.
PSL bits calculation is based on the high precision 24-bit output.
PSL bits output follows the serial audio port that sends out 24-bit data.
If this bit is disabled, the PSL bits location on the output stream will be replaced by zeros.

pkupdate(PEAK update)
Default ='0'.
A ‘0’ to ‘1’ transition will load the peak value (since the last update) to the appropriate serial au-
dio port. The internal peak register will then reset to ‘0’.

hr/_bg(PEAK display format)
Default = ‘0"
High resolution tag format (hr/_bg="1") converts the 24-bit decimation filter output into 1 dB step.
Bar Graph tag format (hr/_bg="0") allows LCD display format of the 24-bit output with 8 discrete
values.

ddpd(digital filter power down enable)
Default = ‘0"
The digital filter and serial audio port is in power down mode when ddpd = ‘1".

firzin(external fir2 input enable)
Default ='0'.
Input of 2nd stage decimation filter is taken from the sdata2 port. The input data will be deci-
mated by 2 and then output to sdatal of serial audio port.

psychoin (external psychoacoustic filter input enable)
Default = ‘0"
Input of psychoacoustic filter is taken from the sdata2 port. The 24-bit input data will be truncat-
ed in psychoacoustic filter to the chosen output word length and then output to sdatal of serial
audio port.
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R _cal_coeff (address 00001000 - 00001010)

CS5396 CS5397

7 6 5 4 3 2 1 0
ralpha ralpha ralpha ralpha ralpha ralpha ralpha ralpha
(bit7) (bit6) (bit5) (bit4) (bit3) (bit2) (bitl) (bit0)
0 0 0 0 0 0 0 0
ralpha ralpha ralpha ralpha ralpha ralpha ralpha ralpha
(bit15) (bit14) (bit13) (bit12) (bit11) (bit10) (bit9) (bit8)
0 0 0 0 0 0 0 0
ralpha ralpha ralpha ralpha ralpha ralpha ralpha ralpha
(bit23) (bit22) (bit21) (bit20) (bit19) (bit18) (bit17) (bit16)
0 1 0 0 0 0 0 0

Default = ‘0000 0000 0000 0000 0100 0000'. (represents 1)
The right channel calibration factor is stored in these registers with MSB in bit 7 of register ad-

dress 00001010.

This value is updated after every calibration cycle.
User can read from or write to this calibration factor through the serial control port.

L_cal_coeff (address 00001011 - 00001101)

7 6 5 4 3 2 1 0
lalpha lalpha lalpha lalpha lalpha lalpha lalpha lalpha
(bit7) (bit6) (bit5) (bit4) (bit3) (bit2) (bitl) (bit0)

0 0 0 0 0 0 0 0
lalpha lalpha lalpha lalpha lalpha lalpha lalpha lalpha
(bit15) (bit14) (bit13) (bit12) (bit11) (bit10) (bit9) (bit8)

0 0 0 0 0 0 0 0
lalpha lalpha lalpha lalpha lalpha lalpha lalpha lalpha
(bit23) (bit22) (bit21) (bit20) (bit19) (bit18) (bit17) (bit16)

0 1 0 0 0 0 0 0

Default = ‘0000 0000 0000 0000 0100 0000'. (represents 1)
The left channel calibration factor is stored in these registers with MSB in bit 7 of register ad-

dress 00001101.
This value is updated after every calibration cycle.
User can read from or write to this calibration factor through the serial control port.

L_offset (address 00001110)

7 6 5 4 3 2 1 0
los(bit13) los(bit12) los(bit11) los(bit10) los(bit9) los(bit8) los(bit7) los(bit6)
0 0 0 0 0 0 0 0
Default = ‘0000 0000'.
User can read or write this offset through the serial control port.
R offset (address 00001111)
7 6 5 4 3 2 1 0
ros(bit13) ros(bit12) ros(bit11) ros(bit10) ros(bit9) ros(bit8) ros(bit7) ros(bit6)
0 0 0 0 0 0 0 0

Default = ‘0000 0000'.
User can read or write this offset through the serial control port.
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I —————————————————————.
Psycho coeff (address 00010000 - 00011000)

7 6 5 4 3 2 1 0
pc8(bit8) pc8(bit7) pcO(bit5) pc8(bit4) pc8(bit3) pc8(bit2) pc8(bitl) pc8(bit0)
1 1 0 1 1 0 1 0
pc7(bit8) pc7(bit7) pcl(bits) pc7(bit4) pc7(bit3) pc7(bit2) pc7(bitl) pc7(bit0)
0 0 1 1 0 1 0 1
pc6(bit8) pc6(bit7) pc2(bits) pc6(bit4) pc6(bit3) pc6(bit2) pc6(bitl) pc6(bit0)
1 1 0 0 0 0 1 0
pc5(bit8) pc5(bit7) pc3(bits) pc5(bit4) pc5(bit3) pc5(bit2) pc5(bitl) pc5(bit0)
0 1 0 0 0 0 1 1
pc4(bit8) pc4(bit7) pc4(bits) pc4(bit4) pc4(bit3) pc4(bit2) pc4(bitl) pc4(bit0)
1 1 0 0 1 0 1 1
pc3(bit8) pc3(bit7) pc5(bits) pc3(bit4) pc3(bit3) pc3(bit2) pc3(bitl) pc3(bit0)
0 0 1 0 0 0 1 1
pc2(bit8) pc2(bit7) pc6(bits) pc2(bit4) pc2(bit3) pc2(bit2) pc2(bitl) pc2(bit0)
1 1 1 0 1 1 0 0
pcl(bit8) pcl(bit7) pc7(bit5) pcl(bit4) pcl(bit3) pcl(bit2) pcl(bitl) pcl(bit0)
0 0 0 0 1 0 0 1
pcO(bit8) pcO(bit7) pc8(bits) pcO(bit4) pcO(bit3) pcO(bit2) pcO(bitl) pcO(bit0)
1 1 1 1 1 1 1 1

H1 Default = ‘1101 1010'.
H2 Default = ‘0011 0101".
H3 Default = ‘1100 0010'.
H4 Default = ‘0100 0011".
H5 Default = ‘1100 1011'.

Please see Appendix C at the end of this document

of binary point. User can read or write one or all of the coefficients through the serial control port.
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PIN DESCRIPTIONS

VOLTAGE REFERENCE  VREF [} 1 281 AGND ANALOG GROUND
COMMON MODE VOLTAGE OUTPUT VCOM (]2 27 [ AINR+ RIGHTCHANNEL ANALOG INPUT+
ANALOG GROUND AGND [ 3 26 1 AINR- RIGHT CHANNEL ANALOG INPUT-
LEFT CHANNEL ANALOG INPUT+  AINL+ [} 4 2501 AGND ANALOG GROUND
LEFT CHANNEL ANALOG INPUT-  AINL- ] 5 247 VA POSITIVE ANALOG POWER
ANALOG CONTROL DATA INPUT ADCTL |6 23 VL ANALOG SECTION LOGIC POWER
ANALOG SECTION CLOCK INPUT MCLKA O] 7 221 LGND ANALOG SECTION LOGIC GROUND
TEST OUTPUT TSTO1 L8 211 TSTO2 TEST OUTPUT
CONTROL DATA OUTPUT DACTL [ 9 20 MCLKD DIGITAL SECTION CLOCK INPUT

See Descriptions CAL []

DIGITAL SECTION POWER VD [
DIGITAL GROUND DGND []
LEFT/RIGHT SELECT LRCK []
SERIAL DATA CLOCK SCLK [

N
o

19[1 CS/PDN See Descriptions
181 CDIN/DFS See Descriptions
17 [J CCLK/ (S/M) See Descriptions
16 [ SDATA1 SERIAL DATA OUTPUT #1
151 SDATA2 SERIAL DATA OUTPUT #2

-
B ON =

Power Supply Connections

VA - Positive Analog Power, Pin 24.
Positive analog supply. Nominally +5 volts.

VL - Positive Logic Power, Pin 23.
Positive logic supply for the analog section. Nominally +5 volts.

AGND - Analog Ground, Pin 3, 25 and 28.
Anaog ground reference.

LGND - Logic Ground, Pin 22
Ground for the logic portions of the analog section.

VD - Positive Digital Power, Pin 11.
Positive supply for the digital section. Nominally +5 volts.

DGND - Digital Ground, Pin 12.
Digital ground for the digital section.

Analog I nputs

AINR-, AINR+ - Differential Right Channel Analog Inputs, Pin 26, 27.

Analog input connections for the right channel differential inputs. Nominally 4.0 Vpp

differential for full-scale digital output.

DS229PP2
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AINL-, AINL+ - Differential Left Channel Analog Inputs, Pin 4,5.

Analog input connections for the left channel differential inputs. Nominally 4.0 Vpp differential
for full-scale digital output.

Analog Qutputs

VCOM - Common Mode Voltage Output, Pin 2.

Nominally +2.5 volts. Requires a 100 puF electrolytic capacitor in parallel with 0.1 uF ceramic
capacitor for decoupling to AGND. Caution is required if this output is to be used to bias the
analog input buffer circuits. Refer to text.

VREF - Voltage Reference Output, Pin 1.

Nominally +4.0 volts. Requires a 470 uF electrolytic capacitor in paralel with 0.1 uF ceramic
capacitor for decoupling to AGND.

Digital I nputs

ADCTL - Analog Control Input, Pin 6.

Must be connected to DACTL. This signa enables communication between the analog and
digital circuits.

MCLKA - Analog Section Input Clock, Pin 7.

This clock is internally divided and controls the delta-sigma modulators. The required MCLKA
frequency is determined by the desired output sample rate (Fs). MCLKA of 24.576 MHz
corresponds to an Fs of 96 kHz in 64x Oversampling Mode and 48 kHz in 128x Oversampling
Mode.

MCLKD - Digital Section Input Clock, Pin 20.

MCLKD clocks the digital filter and must be connected to MCLKA. The required MCLKD
frequency is determined by the desired output sample rate (Fs). MCLKD of 24.576 MHz
corresponds to an Fs of 96 kHz in 64x Oversampling Mode and 48 kHz in 128x Oversampling
Mode.

Diqital Input Pin Definitionsfor Sand-Alone MODE

DFS - Digital Format Select, Pin 18.

The relationship between LRCK, SCLK and SDATA is controlled by the DFS pin. When high,
the serial output data format is 1°S compatible. The serial data format is left-justified when low.

PDN - Power-Down, Pin 19.

When high, the device enters power-down. Upon returning low, the device enters normal
operation. Calibration of the device is required following release of power-down.
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S/M - Slave or Master Mode, Pin 17.

When high, the device is configured for Slave mode where LRCK and SCLK are inputs. The
device is configured for Master mode where LRCK and SCLK are outputs when S/M is low.

CAL - Calibration, Pin 10.
Activates the calibration of the tri-level delta-sigma modulator.

Digital Pin Definitions for CONTROL -PORT MODE

CDIN - Control Port Data Input, Pin 18.

Control port data input for SPI mode.
Control port data input and output for 12C mode.

CS - Chip Select Input, Pin 19.

Control port chip select for SPI mode. The CS5396/97 monitors the state of CS during power-
up and will configure to an SPI interface if this pin is held low. Conversely, if held high, the
port will configure to a I%C interface.

CCLK - Control Port Clock Input, Pin 17.
Control port clock input pin for both 12C and SPI modes.

CAL - Calibration, Pin 10.
CAL pinis not functional in Control Port Mode and should be connected to ground.

Digital Outputs

DACTL- Digital to Analog Control Output, Pin 9.

Must be connected to ADCTL. This signa enables communication from the digital circuits to
the analog circuits.

SDATAL - Digital Audio Data Output #1, Pin 16.

Sand-Alone Mode - The 24-bit audio data is presented MSB first, in 2's complement format.
Control Port Mode - The 24 audio data bits are presented MSB first, in 2's complement format.
The audio data can be followed by 8 Peak Signal Level bits which indicate the peak signal
level. The additional audio data options include; 16, 18, or 20-bit data with or without
psychoacoustically optimized dither; or the output of the Low Group Delay filter. The SDATAL
output is completely independent from SDATA2. The mode selection between Stand-Alone and
Control Port mode is determined by the state of the SDATA1L pin during power-up. A 47 kQ
pull-up resistor on SDATA1 will select the Control Port mode. However, the control port will
not response to CCLK and CDIN until the pull-up on the SDATAL pin is released.
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SDATAZ2 - Digital Audio Data Output #2, Pin 15.

Sand-Alone Mode - The 24-bit low group delay audio data is presented MSB first, in 2's
complement format.

Control Port Mode - The 24-bit low group delay audio data is presented MSB first, in 2's
complement format. The audio data can be followed by 8 peak detect bits which indicate the
peak signal level. The additional audio data options include; the standard 24-bit word; 16, 18,
or 20-bit data with or without psychoacoustically optimized dither. The SDATA2 output is
completely independent from SDATAL.

Digital | nputs or Outputs

LRCK - Left/Right Clock, Pin 13.

LRCK determines which channel, left or right, is to be output on SDATA1 and SDATAZ2. In
master mode, LRCK is an output whose frequency is equal to Fs. In Slave Mode, LRCK is an
input whose frequency must be equal to Fs. Although the outputs for each channel are
transmitted at different times, Left/Right pairs represent simultaneously sampled analog inputs.
Sand-Alone Mode - The relationship between LRCK, SCLK and SDATA is controlled by the
Digital Format Select (DFS) pin.

Control Port Mode - The relationship between LRCK, SCLK and SDATA is controlled by the
control register.

SCLK - Serial Data Clock, Pin 14.

Sand-Alone Mode- Clocks the individual bits of the serial data from SDATA1 and SDATAZ2. In
master mode, SCLK is an output clock at 64x Fs. In slave mode, SCLK is an input which
requires a continuously supplied clock at any frequency from 48x to 128x Fs (64x is
recommended). The relationship between LRCK, SCLK and SDATA is controlled by the
Digital Format Select (DFS) pin.

Control Port Mode - Clocks the individual bits of the serial data from SDATA1 and SDATAZ2.
In master mode, SCLK is an output clock at 128x the output sample rate in the 128x
Oversampling Mode and 64x the output sample rate in the 64x Oversampling Mode.

In slave mode, SCLK is an input, which requires a continuously supplied clock at any
frequency from 32x to 128x the output sample rate. A 128x SCLK is preferred in the 128x
Oversampling Mode and 64x SCLK is preferred in the 64x Oversampling Mode. The
relationship between LRCK, SCLK and SDATA is controlled by the control register.

Miscellaneous

TSTO1, TSTO2 - Test Outputs, Pins 8 and 21.

These pins are intended for factory test outputs. They must not be connected to any external
component or any length of circuit trace.
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PARAMETER DEFINITIONS
Dynamic Range

The ratio of the rms value of the signal to the rms sum of all other spectral components over
the specified bandwidth. Dynamic Range is a signal-to-noise ratio measurement over the
specified bandwidth made with a -60 dBFS signal. 60 dB is added to resulting measurement to
refer the measurement to full-scale. This technique ensures that the distortion components are
below the noise level and do not affect the measurement. This measurement technique has been
accepted by the Audio Engineering Society, AES17-1991, and the Electronic Industries
Association of Japan, EIAJ CP-307. Expressed in decibels.

Total Harmonic Distortion + Noise

The ratio of the rms value of the signal to the rms sum of al other spectral components over
the specified band width (typically 10 Hz to 20 kHz), including distortion components.
Expressed in decibels. Measured at -1 and -20 dBFS as suggested in AES17-1991 Annex A.

Frequency Response

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

I nterchannd | solation

A measure of crosstalk between the left and right channels. Measured for each channel at the
converter’s output with no signal to the input under test and a full-scale signal applied to the
other channel. Units in decibels.

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

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

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

Offset Error
The deviation of the mid-scale transition (111...111 to 000...000) from the ideal. Unitsin mV.
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ADDITIONAL INFORMATION

1) “Techniques to Measure and Maximize the Pers) “The Effects of Sampling Clock Jitter on
formance of a 120 dB, 24-bit, 96 kHz A/D Inte-  Nyquist Sampling Analog-to-Digital Convert-
grated Circuit” by Steven Harris, Steven Green ers, and on Oversampling Delta Sigma ADCs”
and Ka Leung. Paper presented at the 103rd by Steven Harris. Paper presented at the 87th
Convention of the Audio Engineering Society, Convention of the Audio Engineering Society,
September 1997. October 1989.

2) “A 120 dB Dynamic Range, 96 kHz, 24-bit An-6) “A Fifth-Order Delta-Sigma Modulator with
alog-to-Digital Converter” by Kafai Leung, Sa- 110 dB Audio Dynamic Range” by |. Fujimori,
rah Zhu, Ka Leung and Eric Swanson. Paper K. Hamashita and E.J. Swanson. Paper present-
presented at the 102nd Convention of the Au- ed at the 93rd Convention of the Audio Engi-
dio Engineering Society, March 1997. neering Society, October 1992.

3) A5V, 118 dB Delta Sigma Analog-to-Digital 7) “An 18-Bit Dual-Channel Oversampling Delta-
Converter for Wideband Digital Audio by Ka  Sigma A/D Converter, with 19-Bit Mono Ap-
Y. Leung, Eric J. Swanson, Kafai Leung, Sarah plication Example” by CIif Sanchez. Paper pre-
S. Zhu. Presented at ISSCC February, 1997, pa- sented at the 87th Convention of the Audio
per FP 13.6 Engineering Society, October 1989.

4) “How to Achieve Optimum Performance from8) “A Stereo 16-bit Delta-Sigma A/D Converter
Delta-Sigma A/D and D/A Converters” by  for Digital Audio” by D.R. Welland, B.P. Del
Steven Harris. Presented at the 93rd Conven- Signore, E.J. Swanson, T. Tanaka, K. Hamash-
tion of the Audio Engineering Society, October ita, S. Hara, K. Takasuka. Paper presented at
1992. the 85th Convention of the Audio Engineering

Society, November 1988.
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PACKAGE DIMENSIONS

MILLIMETERS INCHES
DIM | MIN | MAX | MIN | MAX
28 pin A 17.53 | 18.03 | 0.690 | 0.710

soIC B 1.27 BSC 0.050 BSC

C 7 NOM 7° NOM
D | 0127 | 0.330  0.005 | 0.013
E 241 | 2.67 | 0.095 | 0.105

F 45° NOM 45 ° NOM

‘) G*W¢ G 7° NOM 7° NOM
H | 0203 | 0.381  0.008 | 0.015

:\M I 2 8’ 2’ 8°
« 3 A J 742 | 759 | 0.292 | 0.298
“«——Kg— K 8.76 9.02 0.345 | 0.355
— | — L | 10.16 |10.67 | 0.400 | 0.420
M 0.33 | 051 | 0.013 | 0.020
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APPENDIX C: PSYCHOACOUSTIC FILTER

The psychoacoustic filter in the CS5396 is based on the paper: "Robert A. Wannamaker, Psychoacous-
tically Optimal Noise Shaping, Journal of the Audio Engineering Society, Vol 40, No 7/8, 1992 July/Au-
gust.” The default coefficients in the CS5396 are the FIR 9-tap filter coefficients described in Table 3 of
the paper. Since the effective noise shaping function is (1-H), the CS5396 registers save the (1-H) func-
tion coefficients. Therefore, the negative of each filter coefficient is stored in the registers. Each coefficient
is represented as a binary 2's complement number where the 4 MSB’s represent the whole number of the
coefficient and the 4 LSB'’s represent the fractional portion truncated to 4 binary bits.

Default Coefficients as listed in "Robert A. Wannamaker, Psychoacoustically Optimal Noise Shaping”

al=2.412
a2 =-3.370
a3 =3.937
a4 =-4.174
ab =3.353
a6 =-2.205
a7 =1.281
a8 =-0.569
a9 = 0.0847

Coefficient conversion example 1:

al=2412

al = (0010.0110) binary repesentation with the fractional portion truncated to 4 bits.
-al = -(0010.0110) binary representation

-al =1101.1010 intwo’s complement

this value is stored in register 10h.

Coefficient conversion example 2:

a2 =-3.370

-a2 = 3.370

-a2 = 0011.0101 binary repesentation with the fractional portion truncated to 4 bits.
-a2 = 0011.0101 in 2's complement

this value is stored in register 11h.
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_____________________________________________________________________________________________________________________|
PSYCHO-ACOUSTIC FILTER COEFFICIENTS

7 6 5 4 3 2 1 0
| wmsB BIT 6 BIT5 BIT 4 BIT 3 BIT 2 BIT 1 Lse |
Access:

R/W in I2C and write only in SPI

Filter coefficient al (address 10h)
Filter coefficient a2 (address 11h)
Filter coefficient a3 (address 12h)
Filter coefficient a4 (address 13h)
Filter coefficient a5 (address 14h)
Filter coefficient a6 (address 15h)
Filter coefficient a7 (address 16h)
Filter coefficient a8 (address 17h)
Filter coefficient a9 (address 18h)

Default:

al-1101 1010
a2 - 0011 0101
a3 - 1100 0010
a4 - 0100 0011
a5-1100 1011
a6 - 0010 0011
a7 - 1110 1100
a8 - 0000 1001
a9-1111 1111
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BURR - BROWN®

Iﬁl PCM1702P

PCM1702U

BICMOS Advanced Sign Magnitude 20-Bit
DIGITAL-TO-ANALOG CONVERTER

FEATURES DESCRIPTION

e ULTRA LOW —-96dB max THD+N The PCM1702 is a precision 20-bit digital-to-analog
(No External Adjustment Required) converter with ultra-low distortion (-96dB typ with a
e NEAR-IDEAL LOW LEVEL OPERATION full scale output). Incorporated into the PCM1702 is

an advanced sign magnitude architecture that elimi-

e GLITCH-FREE OUTPUT . - -
) nates unwanted glitches and other nonlinearities around
e 120dB SNR TYP (A-Weight Method) bipolar zero. The PCM1702 also features a very low
e INDUSTRY STD SERIAL INPUT FORMAT noise (120dB typ SNR: A-weighted method) and fast
e FAST (200ns) CURRENT OUTPUT settling current output (200ns typ, 1.2mA step) which
(+1.2mA) is capable of 1& oversampling rates.
e CAPABLE OF 16X OVERSAMPLING Applications include very low distortion frequency

synthesis and high-end consumer and professiona

e COMPLETE WITH REFERENCE - ) g
digital audio applications.

e LOW POWER (150mW typ)

Clock O—=| Input Shift Register Balanced Current
Data O—| and Control Logic Segment DAC A
LE O—»
DCOM C LN Balanced Current
ACOM O —V/ Segment DAC B lour
+Vee O™ Reference
—Vee O and
Servo
y Bipolar Offset
RFDC SERVDC BPO DC
International Airport Industrial Park +  Mailing Address: PO Box 11400 « Tucson, AZ 85734 « Street Address: 6730 S. Tucson Blvd. + Tucson, AZ 85706
Tel: (520) 746-1111 » Twx: 910-952-1111 + Cable: BBRCORP + Telex: 066-6491 « FAX:(520)889-1510 < Immediate Product Info: (800) 548-6132
© 1993 Burr-Brown Corporation PDS-1175B Printed in U.S.A. June, 1995



SPECIFICATIONS

Al specifications at 25°C, V. and +V, = +5V unless otherwise noted.

PCM1702P/U, -J, -K
PARAMETER CONDITIONS MIN TYP MAX UNITS
RESOLUTION 20 Bits
DYNAMIC RANGE, THD + N at —60dB Referred to Full Scale, with A-weight 110 dB
DIGITAL INPUT
Logic Family TTL/CMOS Compatible
Logic Level: V,, +2.4 Voo \
V. 0 0.8 \Y
I V,, =+, +10 pA
I VvV, =0V +10 PA
Data Format Serial, MSB First, BTC®
Input Clock Frequency 125 20.0 MHz
TOTAL HARMONIC DISTORTION + N®
P/U V, = 0dB fg = 352.8kHz®, f = 1002Hz" -92 -88 dB
V, =-20dB fo= 352.8kHz®, f = 1002Hz* -82 —74 dB
» =—60dB fg = 352.8kHz®, f = 1002Hz" —46 -40 dB
P/U, -J V,=0dB fg = 352.8kHz®, f = 1002Hz —96 -92 dB
V, =-20dB fg = 352.8kHz®, f = 1002Hz* —-83 76 dB
V, =-60dB fy = 352.8kHz®, f = 1002Hz —48 —-42 dB
P/U, -K V, =0dB fg = 352.8kHz®, f = 1002Hz" -100 -96 dB
V, =-20dB fo= 352.8kHz®, f = 1002Hz* -84 -80 dB
V, =-60dB fg = 352.8kHz®, f = 1002Hz" -50 —44 dB
ACCURACY
Level Linearity At -90dB Signal Level +0.5 dB
Gain Error +0.5 +3 %
Bipolar Zero Error® +0.25 %
Gain Drift 0°C to 70°C +25 ppm of FSR/°C
Bipolar Zero Drift 0°C to 70°C +5 ppm of FSR/°C
Warm-up Time 1 minute
IDLE CHANNEL SNR® Bipolar Zero, A-weighted Filter 110 120 dB
ANALOG OUTPUT
Output Range +1.2 mA
Output Impedance 1.0 kQ
Settling Time (£0.003% of FSR, 1.2mA Step) 200 ns
Glitch Energy No Glitch Around Zero
POWER SUPPLY REQUIREMENTS
Supply Voltage Range: +V . = +V +4.75 +5.00 +5.25 Y
Ve =V -4.75 -5.00 -5.25 v
Combined Supply Current: +1 . Ve =+, = +5V +5.00 +9.0 mA
Combined Supply Current: - V=V, =5V —25.00 -41.0 mA
Power Dissipation V. =2V, = 5V 150 250 mw
TEMPERATURE RANGE
Operating -25 +85 °C
Storage -55 +125 °C

NOTES: (1) Binary Two's Complement coding. (2) Ratio of (Distortion,,,; + Noisey,,;) / Signal,,,,s. (3) D/A converter sample frequency (8 x 44.1kHz; 8x oversampling).
(4) D/A converter output frequency (signal level). (5) Offset error at bipolar zero. (6) Measured using an OPA627 and 5kQ feedback and an A-weighted filter.

The information provided herein is believed to be reliable; however, BURR-BROWN assumes no responsibility for inaccuracies or omissions. BURR-BROWN assumes
no responsibility for the use of this information, and all use of such information shall be entirely at the user’s own risk. Prices and specifications are subject to change
without notice. No patent rights or licenses to any of the circuits described herein are implied or granted to any third party. BURR-BROWN does not authorize or warrant
any BURR-BROWN product for use in life support devices and/or systems.

BURR - BROWN®
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ABSOLUTE MAXIMUM RATINGS (DIP Package)

................................ +6.5VDC
.. DGND—0.3V~+V,, +0.3V
.. =25°C t0 +85°C
.. =55°C to +125°C

... 500mW

Power Supply Voltage ...
Input Logic Voltage ....
Operating Temperature .
Storage Temperature
Power Dissipation
Lead Temperature (soldering, 10s)....

PIN ASSIGNMENTS (DIP Package)

ABSOLUTE MAXIMUM RATINGS (SOP Package)

Power Supply Voltage ..........cocccviiiiiiiiiiiiccecen +6.5VDC
Input Logic Voltage .. DGND—0.3V~+V_ +0.3V
Operating Temperature . —25°C to +85°C
... =55°C to +125°C

Storage Temperature
Power Dissipation
Lead Temperature (soldering, 5s)

.... 300mwW

PIN ASSIGNMENTS (SOP Package)

PIN MNEMONIC PIN MNEMONIC PIN MNEMONIC PIN MNEMONIC
1 DATA 9 +V 1 DATA 11 +V,
2 CLOCK 10 BPO DC 2 CLOCK 12 BPO DC
3 +VDD 11 IOUT 3 NC 13 NC
4 DCOM 12 ACOM 4 WV 14 lour
5 -V, 13 ACOM 5 DCOM 15 ACOM
6 LE 14 SERV DC 6 -V, 16 ACOM
7 NC 15 REF DC 7 LE 17 SERV DC
8 NC 16 Ve 8 NC 18 NC
9 NC 19 RFE DC
10 NC 20 V.
PACKAGE INFORMATION @
PACKAGE DRAWING GRADE MARKING (SOP Package)
MODEL PACKAGE NUMBER
MODEL PACKAGE
PCM1702P 16-Pin Plastic DIP 180 yn— Viarked POM1702
PCM1702U 20-Pin Plastic SOP 248 :
in Pastic PCM1702U-J Marked with white dot by pin 10.
NOTE: (1) For detailed drawing and dimension table, please see end of data PCM1702U-K Marked with red dot by pin 10.
sheet, or Appendix D of Burr-Brown IC Data Book.
CONNECTION DIAGRAM
47pF
T
cLock —=(2] 2 16 [20) -5V Ve
N~ Loor Lo
DATA—(1] 1 15 @—:'_ * R
NF
Le—=(7]6 14 (17 l—/\/\/\,—
+5V Vp ——= (12) -
Ll CAY I il N7 THF Vour
() ) | —
- 5 ) 4 10 [12) 4 ﬁ .
— -5V Vp, — 6)]5 9 [11)—= +5V Ve = —
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TYPICAL PERFORMANCE CURVES

All specifications at 25°C, £V, and +V_ = 5.0V unless otherwise noted.
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THEORY OF OPERATION DISCUSSION OF
ADVANCED SIGN MAGNITUDE SPECIFICATIONS

Digital audio systems_have trad|t|onally used_ Igser-tnmmed, DYNAMIC SPECIEICATIONS
current-source DACs in order to achieve sufficient accuracy. A ) .

. Total Harmonic Distortion + Noise
However, even the best of these suffer from potential low-
level nonlinearity due to errors at the major carry bipolar
zero transition. More recently, DACs employing a different ~ } ) ]
architecture which utilizes noise shaping techniques andPigital data words are read into the PCM1702 at eight times
very high over-sampling frequencies, have been introducedth® standard compact disk audio sampling frequency of
(“Bitstream”, “MASH”, or 1-bit DAC). These DACs over- 44.1kHz (352.8kHz) so that a sine wave output of 1002Hz
come the low level linearity problem, but only at the expense S realized.
of signal-to-noise performance, and often to the detriment of For production testing, the output of the DAC goes to an
channel separation and intermodulation distortion if the | to V converter, then through a 40kHz low pass filter, and
succeeding circuitry is not carefully designed. then to a programmable gain amplifier to provide gain at

The PCM1702 is a new solution to the problem. It combines/ower signal output test levels before being fed into an
all the advantages of a conventional DAC (excellent full @nalog-type distortion analyzer. Figure 1 shows a block
scale performance, high signal-to-noise ratio and ease offiagram of the production THD+N test setup.

use) with superior low-level performance. Two DACs are For the audio bandwidth, THD+N of the PCM1702 is
combined in a complementary arrangement to produce aressentially flat for all frequencies. The typical performance
extremely linear output. The two DACs share a common curve, “THD+N vs Frequency”, shows four different output
reference, and a common R-2R ladder for bit current sourcesignal levels: 0dB, —20dB, —40dB, and —-60dB. The test
by dual balanced current segments to ensure perfect trackingignals are derived from a special compact test disk (the
under all conditions. By interleaving the individual bits of CBS CD-1). It is interesting to note that the —20dB signal
each DAC and employing precise laser trimming of resis- falls only about 10dB below the full scale signal instead of
tors, the highly accurate match required between DACs isthe expected 20dB. This is primarily due to the superior low
achieved. level signal performance of the advanced sign magnitude

This new, complementary linear or advanced sign magni-architecture of the PCM1702.
tude approach, which steps away from zero with small stepdn terms of signal measurement, THD+N is the ratio of
in both directions, avoids any glitching or “large” linearity ~Distortion,,s + NoisSgd Signak,s expressed in dB. For the
errors and provides an absolute current output. The low levePCM1702, THD+N is 100% tested at all three specified
performance of the PCM1702 is such that real 20-bit reso-output levels using the test setup shown in Figure 1. It is
lution can be realized, especially around the critical bipolar significant to note that this test setup does not include any
zero point. output deglitching circuitry. All specifications are achieved
Table 1 shows the conversion made by the internal logic ofWithout the use of external deglitchers.
the PCM1702 from binary two’s complement (BTC). Also, pynamic Range
the resulting internal codes to the upper and lower DACS pynamic range in audio converters is specified as the mea-
(see front page block diagram) are listed. Notice that only syre of THD+N at an effective output signal level of —60dB
the LSB portions of either internal DAC are changing referred to 0dB. Resolution is commonly used as a theoreti-
around bipolar zero. This accounts for the superlative per-ca| measure of dynamic range, but it does not take into
formance of the PCM1702 in this area of operation. account the effects of distortion and noise at low signal
levels. The advanced sign magnitude architecture of the
PCM1702, with its ideal performance around bipolar zero,
provides a more usable dynamic range, even using the strict
audio definition, than any previously available D/A con-

The key specifications for the PCM1702 is total harmonic
distortion plus noise (THD+N).

verter.
INPUT CODE LOWER DAC CODE UPPER DAC CODE

ANALOG OUTPUT (20-bit Binary Two's Complement) (19-bit Straight Binary) (19-bit Straight Binary)
+Full Scale 011...111 111...111+1LSB® 111..111
+Full Scale -1LSB 011...110 111...111+1LSB® 111...110
Bipolar Zero +2LSB 000...010 111...111+1LSB® 000...010
Bipolar Zero +1LSB 000...001 111...111+1LSB® 000...001
Bipolar Zero 000...000 111...111+1LSB® 000...000
Bipolar Zero —1LSB 111..111 111...111 000...000
Bipolar Zero —2LSB 111...110 111...110 000...000
—Full Scale +LSB 100...001 000...001 000...000
—Full Scale 100...000 000...000 000...000
NOTE: (1) The extra weight of 1LSB is added at this point to make the transfer function symmetrical around bipolar zero.

TABLE I. Binary Two's Complement to Sign Magnitude Conversion Chart.

BURR - BROWN®
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Use 400Hz High-Pass .
Filter and 30kHz Distortion Programmable Low-Pass Filter
Low-Pass Filter Analyzer Gain Amp 40kHz 3rd Order
Meter Settings 0dB to 60dB GIC Type
(Shiba Soku Model
725 or Equivalent)
Binary Digital Code DATA Parallel-to-Serial DUT C()Ir:\c/)e\r/ter
nter EPROM nversion PCM1702
Countel (EPROM) Conversiol (PCM1702) OPAG2?

-~

CLOCK

LE (Latch Enable)

- Sampling Rate = 44.1kHz x 8(352.8kHz)
T|mmg Output Frequency = 1002Hz
Logic
FIGURE 1. Production THD+N Test Setup.
Level Linearity Monotonicity

Deviation from ideal versus actual signal level is sometimesBecause of the unique advanced sign magnitude architecture
called “level linearity” in digital audio converter testing. See of the PCM1702, increasing values of digital input will
the “-90dB Signal Spectrum” plot in the Typical Perfor- always result in increasing values of DAC output as the
mance Curves section for the power spectrum of a PCM170Zignal moves away from bipolar zero in one-LSB steps (in
at a —90dB output level. (The “—90dB Signal” plot shows the either direction). The “16-bit Monotonicity” plot in the
actual —90dB output of the DAC). The deviation from ideal Typical Performance Curves section was generated using
for PCM1702 at this signal level is typically less than 16-bit digital code from a test compact disk. The test starts
+0.3dB. For the “~110dB Signal” plot in the Typical Perfor- with 10 periods of bipolar zero. Next are 10 periods of
mance Curves section, true 20-bit digital code is used toalternating 1LSBs above and below zero, and then 10
generate a —110dB output signal. periods of alternating 2LSBs above and below zero, and so
This type of performance is possible only with the low- ©n until 10LSBs above and below zero are reached. The
noise, near-theoretical performance around bipolar zero ofSignal pattern then begins again at bipolar zero.

the PCM1702 advanced sign magnitude. With PCM1702, the low-noise steps are clearly defined and
A commonly tested digital audio parameter is the amount ofincrease in near-perfect proportion. This performance is
deviation from ideal of a 1kHz signal when its amplitude is achieved without any external adjustments. By contrast,

decreased form —60dB to —120dB. A digitally dithered input Sigma-delta (“Bit-stream”, “MASH?", or 1-bit DAC) archi-
signal is applied to reach effective output levels of tectures are too noisy to even see the first 3 or 4 bits change

—120dB using only the available 16-bit code from a special (@t 16 bits), other than by a change in the noise level.
compact disk test input. See the “16-bit Level Linearity” plot Apsolute Linearity

in the Typical Performance Curves section for the results of gyen though absolute integral and differential linearity specs
a PCM1702 tested using this 16-bit dithered fade-to-noiseare not given for the PCM1702, the extremely low THD+N
signal. Note the very small deviation from ideal as the signal performance is typically indicative of 17-bit integral linearity

goes from —60dB to ~100dB. in the DAC. The relationship between THD+N and linearity,
however, is not such that an absolute linearity specification

DC SPECIFICATION for every individual output code can be guaranteed.

Idle Channel SNR Offset, Gain, and Temperature Drift

Another appropriate specification for a digital audio con- Although the PCM1702 is primarily meant for use in dy-
verter is idle channel signal-to-noise ratio (idle channel Namic applications, specifications are also given for more
SNR). This is the ratio of noise on the DAC output at bipolar traditional DC parameters such as gain error, bipolar zero
zero in relation to the full scale range of the DAC. To make ©ffset error, and temperature gain and offset drift.

this measurement, the digital input is continuously fed the

code for bipolar zero, while the output of the DAC is band- DIGITAL INPUT

Iimit(_ad from 20Hz to 20kHz and an A-Weighte(_:i filte_r IS Timing Considerations

applied. The idle channel SNR for the PCM1702 is typically The PCM1702 accepts TTL compatible logic input levels.
greater than 120dB, making it ideal for low-noise applica- The data format of the PCM1702 is binary two’s comple-
tions. ment (BTC) with the most significant bit (MSB) being first

BURR - BROWN®
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in the serial input bit stream. Table Il describes the exact| NSTALLATION
relationship of input data to voltage output coding. Any

number of bits can precede the 20 bits to be loaded, sinc€ OWER SUPPLIES

only the last 20 will be transferred to the parallel DAC Refer to CONNECTION DIAGRAM for proper connection
register after Latch Enable (Pin6 <PCM1702P>, Pin7 of the PCM1702. The PCM1702 only requires%/ sup-
<PCM1702U>, LE) has gone low. ply. Both positive supplies should be tied together at a single
All DAC serial input data (Pinl, DATA) bit transfers are point. Similarly, both negative s_uppli_es should b_e connected
triggered on positive clock (Pin2, CLOCK), edges. The together. No_rgal advar_ltage IS galneo_l by using separate
serial-to-parallel data transfer to the DAC occurs on the analog and_dlgltal suephes.”lt IS mor_e important that bOt.h
falling edge of Latch Enable. The change in the output of thethese supplle§ be as “clean” as possible to reduce coupllng
DAC occurs at a rising edge of the 4th clock of the CLOCK of supply noise to the output. Power supply decoupling

after the falling edge of Latch Enable. Refer to Figure 2 for capacitors shoul.d b.e used at each supply pin to maximize
graphical relationships of these signals. power supply rejection, as shown in CONNECTION DIA-

GRAM regardless of how good the supplies are. Both
Maximum Clock Rate commons should be connected to an analog ground plane as
A typical clock rate of 16.9MHz for the PCM1702 is derived close to the PCM1702 as possible.

by multiplying the standard audio sample rate of 44.1kHz by

sixteen times (1§ over-sampling) the standard audio word ) TER CAPACITOR REQUIREMENTS

bit Iength of 24 bits (44.1kHz x 16 x 24 = 16.9MHz). Note A¢ shown in CONNECTION DIAGRAM, various size
that this clock rate accommodates a 24-bit word length, evenye o pling capacitors can be used, with no special tolerances
though only 20 bits are actually being used. The setup ant,eing required. The size of the offset decoupling capacitor is
hold timing relationships are shown in Figure 3. not critical either, with larger values (up to 150 giving
“Stopped Clock” Operation slightly better SNR readings. All capacitors should be as close
The PCM1702 is normally operated with a continuous clock t0 the appropriate pins of the PCM1702 as possible to reduce
input signal. If the clock is to be stopped between input datanoise pickup from surrounding circuitry.

words, the last 20 bits shifted in are not actually shifted from
the serial register to the latched parallel DAC register until
Latch Enable goes low. Latch Enable must remain low until
after the first clock cycle of the next data word to insure
proper DAC operation. In any case, the setup and hold timeg
for Data and LE must be observed as shown in Figure 3.

> 40NS =

Data Input Lse f X MSB >

el | o~
> 15ns|> 15ns

Clock

DIGITAL INPUT

ANALOG OUTPUT

CURRENT OUTPUT

1,048,576LSBs

Full Scale Range

2.40000000mA

Input | -~=-> 20NS -~ | ~-> 20NS =

-~
> 15ns

1LSB NA 2.28882054nA —
TFFFF oy +Full Scale ~1.19999771mA E'-r?;%ﬁ‘e | > 15nS — ]
00000, _, Bipolar Zero —1LSB 0.00000000mA | > One Clock Cycle | ~—>Ors Clogk Gros =]
80000, —Full Scale +1.20000000mA 4 4

TABLE II. Digital Input/Output Relationships. FIGURE 3. Setup and Hold Timing Diagram.

| DATA "N" |

| |
pata X1X2X3X4) (12X13X14XeKaear)aeXaoXeox 1)
MSB . LSB
.

Cal, Lo

!
!
lout X N-1 X N

NOTES : (1) If clock is stopped between input of 20-bit data words, "Latch” Enable (LE) must remain low until after the first clock cycle of the next 20-bit data
word stream. (2) Data format is binary two's complement (BTC). Individual data bits are clocked in on the corresponding positive clock edge. (3) Latch Enable
(LE) must remain low at least one clock cycle after going negative. (4) Latch Enable (LE) must be high for at least one clock cycle before going negative. (5)
lour Changes on positive going edge of the 4th clock after negative going edge of Latch Enable (LE).

FIGURE 2. Timing Diagram.
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FIGURE 4. Typical Application for Stereo Audio 8X Oversampling system.
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IMPORTANT NOTICE

Texas Instruments and its subsidiaries (TI) reserve the right to make changes to their products or to discontinue
any product or service without notice, and advise customers to obtain the latest version of relevant information
to verify, before placing orders, that information being relied on is current and complete. All products are sold
subject to the terms and conditions of sale supplied at the time of order acknowledgment, including those
pertaining to warranty, patent infringement, and limitation of liability.

Tl warrants performance of its semiconductor products to the specifications applicable at the time of sale in
accordance with TI's standard warranty. Testing and other quality control techniques are utilized to the extent
Tl deems necessary to support this warranty. Specific testing of all parameters of each device is not necessarily
performed, except those mandated by government requirements.

Customers are responsible for their applications using TI components.

In order to minimize risks associated with the customer’s applications, adequate design and operating
safeguards must be provided by the customer to minimize inherent or procedural hazards.

Tl assumes no liability for applications assistance or customer product design. Tl does not warrant or represent
that any license, either express or implied, is granted under any patent right, copyright, mask work right, or other
intellectual property right of Tl covering or relating to any combination, machine, or process in which such
semiconductor products or services might be or are used. TI's publication of information regarding any third
party’s products or services does not constitute TI's approval, warranty or endorsement thereof.

Copyright [0 2000, Texas Instruments Incorporated
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