
SUPER DIGIFINE 
HI-FI COMPONENTS 



The JVC SUPER 
DIGIFINE series of hi-fi 
components are 
standard-setters that 
define the shape of 
things to come in 
audio. The series 
includes not only high
performance digital 
equipment but also 
components designed 
to take advantage of 
the dynamics of digital 
sound. What's more, as 
befit our top-of-the-line 
hi-fi components, each 
is finished in classy 
titanium gray and 
features exceptionally 
clean design. 

Enjoy digital reality 
the JVC way-with 
SUPER DIGIFINE hi-fi 
components. 





XL-Z1010 
COMPACT ISC 


JVC's advancing 
DIA conversion 
technologies bring 
you more delicacy 
and subtlety 
The heart of a digital processing system, like 
that of a CO player, is the Of A (Oigital-to
Analog) converter. It's no exaggeration to say 
that it's the Of A converte r that can make or 
break a CD player, determining the preciSion , 
accuracy and sound quality. That's why JVC 
offers two solutions to the problems that 
jeopardize the accuracy and precision of Of A 
conversion. Our K2 Interface eliminates 
"ripple" and "jitter" that can harm sound 
quality by transmitting dig ital codes, and 
codes alone, in their purest possible form . 
The Quadruple. Full-Time Linear 18-Bit 
Combination OfA Converter combines high 
resolution with the ability to precisely 
reproduce subtle nuances. 
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The K2 Interface: a 
. revolutionary "pure" signal 
transfer system 
Background 
Once we assumed that so long as 
Din ry codes, or bits (1 s and Os). 
were correctly converted, stored, 
t, nsmitted and retrieved, digital 
srgnals would not change, even in 
I~e slighlest. 

But sludio engineers and arlisls 
Involved in digital recording had a 
di llerent slory to tell- they found 
that there were changes in sound 
Qu ality ; changes that were 
noticeable when these recordings 
·" ere mastered , pressed into a disc 
and played back. 

What our engineers have 
ruscovered is thi s: when a 
recording is dubbed from one tape 
te another, there is a change in 
5 und quality, despite the fact that 
r,J analog proceSSing is Involved. 
Irdeed, sound quality can change 
flo t only when tapes are dubbed 
but also when a different master 
Upe IS used, when a different 
mas ter recorder IS used, or wh en 
recordings are edited or equalized 
en a master console. This 
r !1enomenon occurs along the 
r0utes connecting various 
e IUlpment whenever digital 
tr3nsmlssion IS Involved. SO It'S no 
wonder tha t the master tape and 
1e discs produced from it sound 


Different , or Ihat the discs made 

'rom a master produced in one 

country sound different from the 
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discs produced in another. 
Audiophiles are also finding that 

using different digital connection 
cables between the CD player and 
an amplifier can cause differences 
in sound quality. And the same 
thing happens when a digital code 
IS transmitted inside the CO player 
from the digital section to the 
analog . It also occurs inside 
amplifiers that come with built-in 
OJ A (Digital-to-Analog) converters 
as the digital signal is sent from 
the digital to the analog section; 
that is , at the interface between the 
digital filter and OJA converter. 

The quality of digital sound, 
th erefore , does change during 
processing-but why? We 
discovered the answer through a 
collaboration of engineers in JVC's 
musical industries and a profes
sional digital recording system 
developing staff in which they 
explored the intricate digital world 
of binary codes. The result of this 
research is the K2lnterface-a revolu 
tionary signal transfer syslem 
for pure sound reproduction. 

The implications of the K2 
Interface are great, because it can 
be applied in digital audio and 
other digital equipment, whether 
the application IS professional or 
consumer oriented. As a matter of 
fact, it can be used as a universal 
interface for digital equipment. 

Ripple and jitter 
As a digital Signal is transmitted 
from the digital to the analog 
section, non-code components
components that are totally 
unrelated with the transmitted 
code-are generated inside the 
digital section and passed on to 
the analog section. It is these 
components, we have discovered, 
tha i cause the change in sound 
quality 

Comparison of digital waveforma wllh 
different hardware 
Lav els and st'l apes of ripple and li ner 
contained In a digital Signal diller 
depending en ~q Ul pmcnt, whi ch leads 10 
changes In sound qualily 

These unwanted non-code 
components are called ripple and 
jitter. Ripple is waveform distortion , 
whereas jdter is a shift in time 
They are generated by load 
fluctuations in the power supply or 
stray capacitance and rnductance 
of the CIrcuits. As you can see in 
the figure above , non-code 
components are superimposed 
over bits for 1s and Os and passed 
to Ihe an alog section for 
processing. Spectrally, a signal 
wllh ripple and jitter contains, in 
addition to the basic clock 

Mixing console at JVC Musical Industries 
Aoyama (Tokyo) Recording Studios 

frequenc y, high-frequency 

harmonics that should not be 

there. 


Moreover, digital circuits 
generate noise when their devices 
are·ln a transient state -swi tching 
In and switchrng out. This type of 
noise rs generated because the 
change in voltage and currenl 
occurs In a finite time. 

All this means thai a digital 
signal contains both harmonic 
distorlron and noise When Ihis 
Signal is transmitted 10 Ihe analog 
Signal section, il causes various 
types of inlerference and adds 
intermodulation distortion in the 
analog Signal. A digrtal signal may 
contain only a small amount of 
non-code components, but the 
dislortion they cause contains 
harmonic components that are 
totally unrelated to the original 
analog signal. Therefore, in 
excessive cases, this type of 
distortion can even change the 
nature of digital music . 

concept of conventional digital signal 
transmission 
Non-code components (npple ond IllIeq a.e 
passed to the digllal Signal processing 
section du(tng tran Si11ISSlon, alfectlng the 
transmitted Signal and heoce greatly 
changing the sound quality 



Conventional optical 
transmission system 
A conventional optical transmission 
system uses a waveshaping 
technique to remove ripple and 
jitter. This system is supposed to 
cut electric Interference between 
the digital and analog sections, 
eliminate ripple and jitter and 
provide "clean" signal trans
misSion, but in-use tests have 
shown that It doesn't. True, the 
transmitted signal looks clean on 
the scope, but it actually contains 
ripple and /itter~spurious 
harmonics that change the 
waveform Once inside the analog 
section , these harmonics Interfere 
with the grounding system and mix 
into the analog output, ultimately 
affecting sound quality. 

Conventional optical transmission 
system 
In a conventional optical transmiSSion 
system. the digital Si gnal IS tran smitted 
as wa velorms. nol as a code, therefore It 
cannol el iminate non-code" 
components (rtpple an d Jitter) 

The K2 Interface: the concept 
At JVC, we tackled the problem of 
ripple and jitter from a completely 
new angle. The idea was to devise 
a design whereby codes , rather 
than waveforms, would be trans
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U1T b R A':; systems that use a waveform 
shaping technique, II does not 
change sound quality by adding 
ripp le and liner. 

mitted , and a totally new code 
woutd be generated by the 
recei ver. In this way, non-code 
components can be eliminated 
from the Signal transmitted to the 
analog section. 

In the K2 Interface, the digital 
and analog signal processing 
sections are completely separated 
so that spurious non-code 
components cannot be transmitted 
from one section to the other. This 
system has a "transmitter" and a 
"receiver." In this design, the 
receiver looks at the transmitter at 
regular intervals for a brief enough 
period to know whether the code 
being sent is a 1 or a 0, and then 
generates the appropriate code on 
its own. That's the idea behind the 
K2 Interface. 

With the K2 Interface, coded 
digital Signals are optically trans
mitted through a photocoupler 
from the digital processing section 
to th e analog processing section. A 
code detection swi tch is connected 
to the ground of the photodetector, 
and is normally open . Therefore, 
the digital and analog sections are 
completely separated, making it 
impossible for non-code compo 
nents to enter the analog section . 
Digital codes are controlled by 
the sync Signal generated by 
th e master clock in the analog 
section and sent to the digital 
section through a second 
photocoupler. 

Coded bits from the CD are 
each about 708 .6 nanoseconds 
(one nanosecond is equal to one
billionth , or 0.000000001 of a 

. 
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concept of the K2 Interface digital 
transmission system 
With the K2 tnlerface, only code 
informaJlon IS Iransmltled . therefore, Js-uL.' 

The K21nterface optically decouple. the dlgltallrom the analog sed Ion 

second) in length, and are 
precisely controlled by the sync 
Signal from the masler clock . With 
the K2 Interface, a trigger signal is 
sent from the master clock to the 
code detection switch twice for 
each code~that is, every 354 .3 
nanoseconds~which closes the 
switch for about 20 nanoseconds. 
Current flows during thiS short 
period only when Ihe code is O. 

Since the code is detected at 
every hall-code length, the 
detected sig nal is not affected by 
jitter, And since Ihe switch is 
closed lor only the brielest 01 
moments~just 20 nanoseconds~ 
the Signal is not affected by ripple, 
either. Therefore, the spurious 
non-code components are not 
Iransmitted with the Signal. Finally 
the detected code is sent to a 
D-type flip-flop and a new code~ 
a pulse 708.6 nanoseconds in 
length~is generated according to 
the timing of the master clock. The 
output trom the flip-flop then goes 
to the digital filter, the 01A 
converter and eventually to the 
anatog circuitry. 

Transrrulted Digital Signal 

JUlL 
Code Detection Signal 

~IU 
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Improved performance by K2 
Interface 
Here is proof 01 how the K2 
Interface removes ripple and littl r, 
reduces intermodulation distort" ·n 
and noise 

K2 
InTERFACE 
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Data Transmission Waveforms 

In the data above, It'S apparc It 
that the transmitted code by the K2 
Interface IS free of ripple and jil1 ,' r. 
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XL-Z1010TN 
COMPACT DISC PLAYER 

Quadruple Full- Time Linear 
l8-Bit Combination DIA 
Converter 

"l1e graphs on page 4 show the In CD playback, the ultimate quality JVC's Quadruple Full-Time 
freQuency spectra of residual noise much depends on the preciSion Linear 18-61t Combination OfA 
wt:!lned ,n Ihe analog output and resolullon provided by a CD Converter 


fr' fT1 a model wilh and wlthoul Ihe player's digital lilter and Of A 
 The Of A con verter uftimately 
K2 Interlace. In this test, heavy (Oigital-to-Analog) converter. The reconstructs the oversampfed 
lo ~ds are applied to the power Quadruple Full-Time Linear 18-Bit digitat code from the digital filter 
SL pply for Ihe transmitter in each Combination Of A Converler IS and converts it into an analog 
(Pcdel in order to induce non -code JVC's way of bringing about the signal. For precise Of A conversion 
- Imponents- random noise-in best possible digital sound. we developed the "Quadruple FulI
r e 1kHz transmission signal T,me Linear 18-Bit Combination 

-\$ you can see, when random Advantages of 8-lImes 
In.'og "Olton 

Of A Converter" to operate in 

byK2 r')1 e is mixed wilh Ihe digital oversampling digital filtering tandem with an 8-times 


~ !lllal in a model wilhoul the K2 
 oversampling filler. 

K2 In!erface, it increases the reSidual 
 and complex deSign to prevent Our advanced Of A converter 

spectrumand jitter, , I;" level and changes its overall the nOise they can create. But too features two Of A converter units 
AudA1- FIO(IU()noc$ distortion snape. This means that external sharp attenuation inevitably for each channel-four In all. There 

d ~turbances applied to th e digital c...L", - --. compromises sound quality. IS a 16-bit converter for most 
I 

s. lion can allect the analog In the XL-Zl01OTN, we use a significant bits and a 2-bit con
I( Jloul and cause distortion so digital filter that re-samples the verter for the two least signifi

' ,)',ere Ihal il can alter Ihe nature of digital Signal at a frequency 8 times cant bits . Since the least signifi
til,> muSIC. In Ihe model featuring the original-that is, 352.8kHz cant bits have greatest beanng 

8- Times (352.8kHzl Oversamplong If K2 Inlerface, residual noise Instead of 44.1 kHz . This shifts on the sound quality at low levels , 
rell1ains the same even if random 

AudlQ 
FrQQ~t'CI~S unwanted frequencies to a much we use an elaborate discrete Of A 

fI lise IS mixed wilh Ihe digllal higher frequency range than converter system for these bIts to 
So Jnal This is prool of Ihe K2 normal. The advantage of usmg ensure higher preciSi on. Currents 
11 ' lerface's abilily to shul Oul such a high sampling frequency IS from these two converters are 

"<.. ,14 I 58 2 In; ., 352 S c lernal disturbances and prevenl that the low-pass filter used in summed channel by channel, and 
1-1~:.,. (H z l 

I ' em Irom affecting Ihe analog comb inat ion can have a gentle the converters operate with 
D'glt., filler responseOJ tpul. attenuation response. This means 18 bits "full-time " whether the 

phase distortion is drastically le vel IS high or low. 
plications of the K2 Interface The digital code read by the pickup reduced to provide you clear By combining an 8-times 

'I ': have used the K2 Interlace in from a Compact Disc is sampled Imaging of stereo sounds. oversampling digital filter and 18
o JI Compact Disc Player-the by frequency of 44 .1 kHz and Moreover, It eliminates requanti bit combination Of A converter, the 
X_-Zl010TN . But because of its processed for 16-bit requanll zatlon nOIse more ellectively. digital signal processing clfcuit 
u! " ersal nature, it can also be zatlon . ThiS process generates By using a higher re-sampting inside the XL-Zl010TN improves 
a, ptled In other digital equIpment not only audible frequencies frequency, our digitat filter reduces leve l resolution and time-domain 
a, well , like amps with built- in Of A but also spurious frequencies the sampling rate from about 22 resolution by 4 times and 2 times, 

orms Cc 'Iverter (our AX-Zl010TN is one ). whose spectrum occupies the microseconds to only a few ThIS respecti vely, over digital proces 
04r (Digital Audio Tape) decks, area just above 20kHz, the Improves the resolutIon in the time sing circuits usong a 16-bit Of A 
d ect satellite broadcast reception higher end of the audible range. domain as well as conversion converter with a 4-times over

apparent 0 1 even prolessional equipment These are frequencies that accuracy. Our digital filter internally sampling digital f,lter. 
~ by the K2 il leed anywhere digital trans- are multiples of the sampling processes 16-bit data with double All in all, our Quadruple Full
and litter. n 3Slon is involved . frequency with a difference of precision accurate down to the Time Linear 18-Bit Combonalion 

e digital sound processed by -20kHz or +20kHz-24.1 kHz or 32nd bit . Then, belore the Of A Converter improves Imeanly, 
tI K2 Interlace is dis tinguished by 64.1 kHz, for instance. These processed data is output to the Of A preCision and resolution, allOWing 
b,_ 'ter resolution, enhanced spurious frequencies are usually conver ter, It'S rounded to 18 bits you to enjoy powerful and highly 
ar~! b ie nce and higher sense of eliminated by a low-pass filter for the subsequent Of A converter. pure digital sound both at their 
r alism it presents. We assure you with a sharp attenuation response most del icate or dynamic. 
II anks to the K2 Interface you will 
b enjoying the studio-quality 

Reoolullon of 4-time. (1S-blt, JVC'. Quadruple Full-TIme 

oversampllng


rlgi al sound at home very soon. 
Linear 1S-81t Combination 
01 A Converter "P" . 
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Designs for quality digital 
sound 
The digilal signal processing 
seclion isn'l Ihe only part in the 
XL-Z1010TN we redesigned to 
Improve sonic reproduclion. We 
also took pains to Improve other 
sections-Including the analog 
section-in order to further refine 
overall performance. And the unit 
is mechanically constructed to 
prevent resonance, vibration and 
interference. 

New high-precision laser pickup 
design 
The XL-Z1010TN features a newty 
designed 3-beam laser pickup that 
combines high sensitivity, 
precision , stability and immunity to 
resonance and vi bration. It's 
precise because the distance 
between laser beams has been 
shortened. And it's stable and 
resistant to resonance and 
vibration thanks to JVC's new 
suspended actuator. Our pickup IS 
also compact and lightweight, 
improving tracking accuracy and 
reduCing the noise caused by 
servo-contrOlling currents. 

Digital outputs-optical and 
coaxial 
The XL-Z1010TN IS equipped with 
two digital oulputs-both optical 
and coaxial-SO you can directly 
interface it with external digital 
components (e.g. Ihe D/A 
converter in your amplifier or digital 
signal processing equipment) . 
USing the optical output will 
electrically insulate the two 
connected compo nents, shutting 
out digital noise that can compro
mise signal quality. What you get 
is purer. more musical digital 
sound . 
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Disc stabilizing clamper 
Now that 3-inch (8cm) singles are 
available along with 5-inch (12cm) 
discs, the servo control in a CD 
player IS given the new task of 
compensating for differences in 
weight , or moment of Inertia, 
between two disc types by 
adjusting servo currents. This 
process can generate noise. 
Therefore , we've added a large 
stabilizing clamper to the disc 
rotating mechanism to equalize the 
moment of inertial for both types of 
diSCS The clam per improves 
speed stability and keeps 
variations in servo currents and 
noise to a minimum. 

New V Servo for superior 
tracking ability 
Our "New Y Servo System" uses 
two special tracking beams-one 
leading and one trailing the main 
beam . The time difference 
between these signals is 
compensated for and Ihe two 
signals are compared so as to 
cancel each other oul. It is this 
sophisticated processing that 
enables the pickup to remain 
locked on the correct track-even 
when th e disc is dirty or scratched. 
So the XL-Z101OTN's pickup does 
not "skip" tracks or repeat the 
same track over and over. 

JVC high-precision 3-be.m I....r pickup 

Double-floating Independent 
Suspension System 
Subtle vib rations and resonance 
can degrade digital sound by 
affecting parts and devices inside a 
CD player. Therefore, In the 

XL-Zl010TN, the pickup base IS 
suspended from the mechanism 
base, and th e mechanism base 
from the chassis-a design we call 
the "Double-floating Independent 
Suspension System." The resull is 
that the pickup tracks a disc with 
highest accuracy despite shocks 
and sound pressure from speaker 
systems, thus ensuring clean 
reproduction unsullied by 
resonance and vibration . 

~. 
----~
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Separate digital/servo and 
analog circuits 
In most CD players, digital and 
servo-control circuits are laid 0 

together with analog CIrcuitS. S 
the noise that servos generate 
during active operation or the C Jck 
pulse noise that mlcrocompule , 
and digital cirCUitry create can 
easily affecl the performance 0 

analog circuits. In the XL-Z1010 '" 
however, we've separated the 
digital and servo-control cirCUit' 
from the analog circuits, both 
phYSically and electrically. As a 
result, interference between d l~l tal 

and analog Circuits is no longer 

Double-floating Independent SuspenSion System 
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XL-Z1010TN 
COMPACT DISC PLAYER 
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problem, and external noise no 
loncer Ifects sound quality. 
Mo;eover, wheneve r desired, the 
fluorescent display can be turned 
off so Ihe digital noise it generates 
Wi ll not compromise the music you 
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Designs for ease of use 
Another hallmark of the JVC 
XL-Z1010TN is its user-fnendliness, 
for, after all , half the pleasure of 
dynamic digital audio is its 
convenience. And nowhere is that 
more evident than in our state-of
the-art CD player. 

3-way edit function: auto, 
programmed and multi-disc 
The 3-way edit function is a boon 
to those who are active in editing 
and recording CD tracks on tape . 
The "auto edit" mode lets you 
automatically fill a tape with as 
many selections from a disc as the 
tape can hold . Specify the length 
of time that one side of a tape can 
accommodate ("45" for a C90 
tape, for instance) , and the tracks 
are automatically recorded on 
tape - first side A and then B- In 
the same order as on the disc . The 

"programmed (manual) edit" mode 
lets you program tracks you want 
to transfer from disc to tape in any 
order. And as you do, you can 
assign the side on which each 
track will be recorded, A or B. And 
the "multi-disc edit" mode permits 
you to even program tracks from a 
number of discs for transfer to 
tape , assigning the side of the tape 
on which each track will be 
recorded. Using any of these 
modes, you can keep the unused 
blank space on a recorded tape to 
a minimum. 

Motor-driven volume control 
The XL-Zl01OTN comes with a ful/
function remote control. As volume 
is adjusted Irom the remote, a 
motor IS activated to drive the 
volume potentiometer in the main 
unit to adjust playback level. lis 

smooth, low-noise operation will 
not compromise sound quality as 
electronic volume controls often 
do . And there are two outputs on 
the rear panel-one With fixed and 
one with remote-variable level-lor 
your operating convenience. 

Other features 
-JVC COMPU LINK Control 
System for interactive operation 

-Multi-function display with 20
track program chart 

-Headphone output and line ouput 
with volume control 

-Random access programming 01 
up to 32 tracks 

-Intro-scan 
-4-way repeat (one track, all 
tracks, programmed tracks, A-B ) 

-Index play, Skip and search 
-Auto/manual search 
-Remote control with volume 
control and numeric keypad 

Controls behind swlng*down panel 



RX· 1 
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Intelligent design 
and a better user 
interface improve 
hi-fi operation 
The RX-1010VTN Receiver from the JVC 
SUPER DIGIFINE Series provides you with a 
look at the shape of a receiver in which 
compu ter control has been pushed to its 
log ical limits. Most of its controls and 
operations are handled by microcomputers 
accessed via the handy remote control. 
Therefore, electronic switches are relegated 
to behind the swing-down door. And in the 
RX-1010VTN, our COMPU LINK Control 
System is represented in its most advanced 
and most convenient form, highlighting the 
new CSRP (COMPU LINK Source-Related 
Presetting). 
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Informatlva large-alzed fluorescent display 

COMPU LINK 
Communications System 
(CCS): For better rapport 

COMPU LINK AN Remote 
COMPU LINK Source
Related Presetting (CSRP): 

l't pi - I m source or station by 

Acoustic memory program 
by program 
I.,~ until now, you have had to 
manually adjust level, balance, 
e ~ ua"zation, and other parameters 
feo! the best sound each time you 
"mtch from one program source to 
dnother-touching up lows and 
r'ghs as you change inputs from 
l-D to FM , for example. But thanks 
II JVC's new COMPU LINK 
Source-Related Presetting (CSRP) , 
you can program settings for Ihe 
lotlowing parameters program 
" ource by program source or even 
i Jr each of 40 FM IAM stations. 

Volume: You can preset the 
olume program by program or 

51 tion by stalion. This means the 
~" ght differences in senSitiVities 
t·etween components can be 
o mpensated for to ensure uniform 
ou tput. 

Batance: If you've finely 
a;]lu sted channel balance for the 
" 5t in your room, II can be 
committed to memory program by 
p'Llgram. 

Equalization: You can recall a 
rr - user-programmed 

_lion and store it in memory 

S'dl )n . In this way, you can use a 
ratj-,er lat response for digital 
s- In and a response with 

0Q5ted ends for FM, for instance. 

Surround: The surround mode 
and adfusted parameters may be 
preset for each program source or 
each preset station . 

Loudness: The on/ off position 
of the loudness switch can also be 
programmed source by source. 

DAP (Digital Acoustics 
Processor): You can assign one of 
seven available ambience types 
(SYMPHONY HALL, RECITAL 
HALL, OPERA HOUSE, CHURCH , 
LIVE CLUB , STADIUM and MOVIE 
THEATER) to each program or 
each preset station. 

Suppose that In setting these 
parameters, you've seen to It that 
when a video program is selected, 
volume is set at a moderate level; 
balance is set at center; an 
equalization for MOVIE is selected; 
Dolby Pro-Logic is turned on; and 
the "MOVIE THEATER" is set for 
digital acoustics proceSSing. Then , 
at the mere touch of the VCR-l 
button, you can be immediately 
transported Into a world of Incred
ible wrap-around sound. And thiS, 
of course, holds true for other 
inputs like CD, PHONO, TAPE and 
even each of 40 FM /AM preset 
stations. 

In addition, to improve ease of 
use, chosen parameters and digits 
are temporarily displayed on the 
fluorescent panel to help you 
check with the "CSRP TEST" or 
"CSRP DISPLAY " function and , il 
necessary, change the set 
parameters. 

between man and machine 
The CCS is another enhancement 
added to our COMPU LINK Control 
System, providing a better visu<ll 
way to communicate between the 
user and the receiver. It graphically 
displays the mode of operation of a 
connecled component in play, 
even for CD players and turn
tables. And it lets the user give a 
custom name, up to five charac
ters long, to each FM or AM stallon 
or equalization that is preset 
and put into memory-"JAZZ-l" 
and "AM-3" for stations, "DISCO" 
and "POPS" for equalizations, 
for instance. Also shown are the 
chosen program source , volume 
level In digits, name of the 
Digital Acoustics Processor effect 
recalled from memory, and a host 
of other useful information . All you 
have to do to check the status of 
the receiver is just look at the 
display panel. 

Example of FlUorescent Display with CSRP Preaet (VCR-1 as 8 source) 

(1) SourC0 sc lecled 

Control for integrated audio/ 
video 
With the JVC hi-fi components 
linked by COMPU LINK control bus 
line, you can control them from 
across the room using a single 
wireless remote control. So nearly 
every operation of the connected 
components-CD player, turntable, 
cassette deck, etc.-can be 
accessed right from where you SIt. 
To add to convenience, even 
selected JVC TVs and VCRs can 
be directly controlled by the same 
remote unit, so that the user can 
tune a channel on the TV or the 
VCR , scan channels sequentially, 
and play or record on the VCR. 



• • 

Programmable Remote 
Control-the ultimate in 
hands-off operation 
The clean looks of the RX-1010VTN 
owe much to the fact that many of 
the functions are electronic and 
therefore are consigned to the 
handy remote control. Moreover, 
this remo te is a programmable one 
which can learn functions of other 
Infrared remote controls. 

Up until now, It has been 
necessary to keep handy all of the 
remote co ntrols for Individual audio 
and video components-a situation 
which tends to invite confusion. 
But our programmable remote 
con trol will rep lace nearly all the 
remOles for your audio and video 
components. It comes prepro
grammed to controt the receiver 
it comes with, of course, but also 
selected JVC compone nts, like 
decks, CD players (even CD auto 
changers), turntables, VCRs and 
TVs. 

And our programmable remote 
control also has the ability to learn 
control codes of most other 
Infrared remo te contro ls made by 
other manufacturers" It stores the 
control codes for a total of 180 
lunctions (should each use JVC's 
standard code lenglh) in memory, 
allowing you to operate your audio 
and video components from a 
Single unit. 

In addit ion , our programmable 
remote comes with an LCD (LiqUid 
Crystal Display) panel. As you 
select the desired program source, 
the display on the panel changes 
10 show an appropriate menu 
screen shOWing only functions you 
need, Two modes are offered : Ihe 
"standard" mode with 11 menus 
and the "programmable" mode 
wit h 14 . For even more conve n
Ience, the symbols and numbers In 
each menu are not for display 
alone, they are actually switches 
that respond to your touch. So 
we've Improved ease of use 
tremendously wilhout adding more 
keys. 

• N CM) 	 Wn Oill progfdmmable remolo .:O'11101!l 
II may nOI De posslole 10 program functIOns 01 
Inhaled' femOle COl"UQls fl om Olner tnake ' s II 
lhay usc d.llc re nl types o f beam s 01 II the 
cOde~ Itlcy send coma,n 100 much 
1 nlOfmal~n 

Programming the programmable 
remote control 
Our programmable remote conlrol 
replaces most olhers, givrng you the 

tndlcators 
tndicalors in Ihis seclion Simplify 

Light button 
Provides back-lighting to improve 
readability in low-lighl situations . 

operation by tell ing you when a 

or when an error occurs during 

and remote on/ofl. 

Touch-panel LCD display 

JVC Standard Mode 

•
r ~ 1 ' 

~. n 

- -: L-
CD/CD Changer 

" Programmable" Mode 

I [' n I 
1" 

Ii •.'. " .-
~ -- ~ 

CD 

above. 

Display buttons 

source. 

Source selection buttons 

power to control nearly any remole
signal is sent or a function is learned, control components- regardless of 

make-in your integrated audio/videc 
operation. Also featured here are a system . To program ii , just flick one c 
number 01 bullons lor functions such Its switches to LEARN, align our re m Ie 
as display screen pallern se lection and an exisling remote end-to-end, ",d
(SELECT 1) , CSRP on/oil (CSRP/ press correspond ing bUlions on eacl 
CANCEL), component power on/olf, Thai's alii 

The panel shows all Ihe funct ions you've programmed for a 
parllcular input , bUI hides the funclions you don't need. Displayed 
"keys" are actually louch-activaled conlrol bullons. 

.. ,,_..'-.'.. ' [~ 
~ - I . -'" -~, 

::"- .. : :"- :: 
VCR 2 TAPE 1 DAP/PRO-LOGIC 

II 
j/~l I .r , 

• I 
' : ; ~ u ,: • II.. I 
- 1-- 

TAPE 1 VCR 1 TV 

Eleven and 14 menus are available lor Ihe standard and the 
"programmable" mode, respectively, Including eight shown 

Change Ihe di splay withoul Changing Ihe selected program 

When program sources are changed, the display on the pan el 
also changes 10 show re laled funclions. 

Digital A 

The Digital 
technolO9\ 
digital eng 
exc lusive c 
expertise, 
RX- l0l0VT 
creating th 
space- aul 
!c.-at ho 

to sound, 
to get the 1 

dImension: 
live pertorr 
of sound fi 
rnemory (~ 
RECITAL I
CHURCH, 
and MOVIE 
available al 
line-adiust 
contrOlling 
such as RC 
and WAL L 
arn blence 1 
your Own II 
p reCISiOn C 

aCouslrcs r 
the "symm 
field analys 
ch nnel -by 
proceSS ing 
tr Uly thrill in 
feeling . 
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LOGIC 

Digital Acoustics Processor 

Tile Digital Acoustics Processor, a 
~chnology based on our ad vanced 
Ilg ital engineering and our 
exclUSive digital signal proceSSing 
xpert ise , is buill into the 

PX-1010VTN. II's a digital means of 
aling the ambience of a mUSical 

&oace- auditorium, concert hall, 
te'c .-at home by applying a delay 
1 sound. This sys tem allows you 

get the same exci ting 3
mensional sound you would at a 
e performance. Seven patterns 

c sound fields are reSident in 
I ' mory (SYMPHONY HALL. 
r _C ITAL HALL, OPERA HOUSE, 
CH RCH, LIVE CLUB, STADIUM 

'1 MOVIE THEATER ), each 
~ 311able at a touch You can also 
fl ~.-adlu st the ambience by 
C-'r'1 roiling acoustic parameters 

, ~ sounds mosl realist ic In 

~u 1') ROOM SIZE, LlVENESS 
jflll :~ LL TYPE, so the created 

-., 

1 listening room, JVC's 
r' ,' In computer -co ntrolled 

J IICS measurtng sys tem call ed 
tl - ~ym metrtcal 6-point sound 
II' j ~n lYSIS method" and 
cr ~r1flet - by-channel acous tics 
pr ~essing guarantee you'll get a 
tr 1'1 thrill ing "you-are-there" 
fE ling . 

Dolby Pro-Logic Surround Dynamic Super-A for 
Sound class-A sound 

OPERA HOUSE 

DynamiC Super-A is a refinement 
of our original Supef-A technology. 
Wi th Super-A, a cenaln amount of 
bias, or idling current, is constanlly 
applied to the power transistors to 
prevent them from switching off. 
The smooth, sinusoidal waveforms 

CHURCH 
Sound Field Analysis Patterns 

Digital Acoustics Processor 

The RX-l0l0VTN is equipped wi th 
the latest Dolby Surround sound 
decoder--the Pro-Logic Surround 
sound decoder. Using a new 
adaptive-matrix sound steering 
cirCUit, it enhances the sense of 
direction by boosting the output 
from the dominant channel and 
redUCing the ou tput in less
dominant channels. II also clearly 
localizes the dialog at the ce nter 
chan nel, so conversation naturally 
comes from the screen . With the 
new Pro-Logic Dolby Surround, 
channel separat ion has been 
dramatically Increased from mere 
3dB to 25dB. Moreover, the 
RX-1010VTN's decoder uses 
digital delay circui t, therefore the 
circuitry will not degrade sound 
quality. All in all , the new depth and 
width you hear from video tapes 
and diSCS will add a new dimenSion 
to your video watching. 

r----- -- - -

Inpu1 

,,, 

, 

~----~'----~ , 

it provides are proof of the reduced 
harmonic distortion. Because 
Super-A does not generate 
switching dis tortion , it lets you 
enjoy low-distortion class-A sound. 
DynamiC Super-A further reduces 
distortion while imprOVing the 
amp's overall response. Our Gm 
Driver has also been added to 
improve performance under actual 
In-use condi tions. 

Output power: Stereo: 120 watts 
per chan nel, min. RMS, both 
channels drtven Into 8 ohms, fro m 
20Hz to 20kHz With no more than 
0.007% total harmonic distortion; 
Surround; 110 watts per channel, 
min. RMS, both channels driven 
into 8 ohms, from 20Hz to 20kHz 
With no more than 0.007% total 
harmonic distortion (fronl); 
15 walls per channel, min. RMS, 
both chann els drtven into 8 ohms, 
at 1kHz with no more than 0.07% 
total harmonic distortion (rear). 

- -- - --~ 

By just addIng an ex tr a pM at speakor 
syslemS you can Instantly ung rilde to 
ex cllmg hvo ~amolfm c E1 sound 

~ --- --~-~~: .. - - -- ~ 
1M1. Ao~r ....o a.-,.. IPt .......1 ~. Arr,~yw'<G 31I0Il tJ't_ SI~I 


"-----------i "'" f---------' 

Block Diagram of Dynamic Super-A with Gm Orlver 

-- .;!. 
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High dynamic power 
Today, more dynamic power is 
demanded of amplifiers than ever, 
because of the wider dynamic 
range and better transient 
response of digital programs . So in 
the RX-1010VTN, we've improved 
the power supply so that it can 
instantly generate as much current 
as needed, especially when the 
impedance drops to 4 ohms or 
lower. Another way we've improved 
dynamic power IS through the use 
of high-power, high-performance 
output transistors. The high 
dynamic power of 360W x 2 at 
2 ohms that our receiver can 
provide is an indication of how it's 
re ady to drive low impedances as 
presented by the combination of 
quality speakers and high-quality 
program sources. 

Superb ease of use 
Over the years, the functions of 
our receivers have become more 
and more complex while their 
versatility has improved 
immensely. With the RX-1010VTN, 
we've simplified operation with the 
help of computers, electronic 
control and remote contro l-the 
reason why the front panel of the 
rece iver is clean and uncluttered , 
despite its awesome control 
capabilities . 

Computer-controlled 
7-band S.E.A. graphic equalizer 
The JVC S.E.A. graphic equalizer 
is a popular choice among 
audiophiles. With it you can 
change the sound to suit your own 
tastes, to overcome the acoustic 
deficiencies of your room, or to 
create a special sound for 
headphone or in-car listening . This 
is because a graphic equalizer 
allows you to adjust limited 
frequency ranges without affecting 
others. Besides, JVC S.E.A. 
graphic equalizers are known for 
accuracy, low noise and distortion 
and wide dynamic range. 

We've built a 7-band graphic 
equalizer into the RX-1010VTN to 
give you the immense power of 
sound equalization . And to make It 
easier to use, we've computerized 
its operation. Here's what 
computerized equalization does for 
you . 

Examplee of 7·bond grophlc equellzer 
Indications (Frequency and control range) 

Audlolvldeo Inputs ond output. on bock (S-vldeo termlnol. In' "dod) 

Computer-controlled tuner 
By combining a microcomputc ' 
with a PLL-quartz digital 
synthesizer tuner, the RX-1010 TN 
is superbly easy to use and 
accurate. 
ePreset memory: You can p[(~ et 
a great total of 40 FM/AM stati' 1S 

for instant recall at the touch of 3 

button . 
eAuto memory: You can have ;he 
receiver preset 40 FM/ AM statl' ns 
all automatically for you. 
ePreset scan: All 40 preset FJ\' I 
AM stations in the memory can oe 
automatically sampled for about 5 
seconds each, helping you find he 
station you want. 
eStatlon name display: You ca 1 

assign a name of up to five 
alphanumeric characters to eacr 
preset statlon-"JAZZ" and 
"ROCKl," for instance-for easy 
identification . 

And remember: The CSRP Ie s 
you customize acoustic paramet "s 
(equalizer settings, balance, 
volume, etc.) and keep them in 
memory, station by station. 

e5 "namable" user-preset 
(manual) equalization: You can 
create and store five custom 
equalizations, giving each the five
letter name of your choice (even 
your own name l ) . 

/ (I - ! :: ' 
f I I I I :
/ I I / 

e5 programmable equalizations: 
Five equalization patterns called 
HEAVY, CLEAR, SOFT, MOVIE and 
VOCAL are resident in memory. 
eReverse equalization: You can 
reverse an equalized response at a 
touch, say, to "compand" 
(compress/expand) a tape 
recording to reduce hiss noise. 
eRemote control: With a remote 
in hand, you can equalize the 
sound and recall a preset 
equalization from where you sit
for the ultimate In equalizing ease. 

Informati 
A highly v 
display kE 
function Y 
RX-1010V 
extremely 
indicators 
logical grc 

Audio/vic 
The RX-lI 
integrate 
compone 
home ent 
corlVeniel 
single rer 
e3 vldeo 
three vidE 

o 

Control. bE 
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Informative large-sized display 
A h ,~n ly visible , large fluorescent 
disD Jy keeps you informed of the 
fu n, I,on you've chosen with the 
RX- l0 tOVTN The display IS 

eX Ir~ re ly easy to read, because all 
indl t.Jrs are consolidated into 
logl - groups. 

A dlo/video integration 
Th" :;X-1010VTN is ready to 
inteJ' ate your audio and video 
co · onents into one easy-to-use 
hO'T" entertainment system
co~ eniently controlled from a 
SI"<1lo:' remote . 
e3 -Video connections: Up to 
Ihrp;; video components (VIDEO, 

o 1"=1 3 3 
I· ' ., i ..o c=LJ -I " 3 3 

o ............--, !...---''---' 


Control. behind Iwlng-down panal 

VCR-1 and VCR-2) may be 
connected and switched in and 
out. You can atso dub from disc to 
tape or tape to tape. Moreover, 
there are S-vldeo terminats in 
parattet that have separate pin 
contacts for chroma (C) and 
tuminance (Y). By connecting TVs 
and VCRs (S-VHS VCRs) with 
matching terminals , you can enjoy 
a better picture and more accura te 
color. 
eMonltor output: A moni tor 
output tets you connect a monitor 
TV. There's an additionat S-video 
term in at for a monitor with 
matching separate-chromal 
luminance terminal. 

eSound selector: The selector 
lets you mate the audio of your 
choice with any video, a handy 
feature when you make your own 
video productions or "ambience" 
videos. 

Other features 
-High-gain phono equalizer for 

MM / MC cartridges 
-Connections for 2 pairs of 
speaker systems 

-Sleep timer 



x· 
DIGI ACOU o -....OR 

The digital way to 
bring the live 
musical experience 
home 
Recorded performances you hear on your 
stereo system sound fine , especially if 
they're digitally made, but the same piece of 
music played by the same artist sounds more 
exciting and more engrossing when you hear 
it live. But this truly realistic sense of "being 
there" is hard to reproduce on a conventional 
hi-fi system. The JVC XP-A 1010TN Digital 
Acoustics Processor, however, is by no 
means conventional: it lets you enjoy the 
incredibly realistic ambience of a live concert 
right in your own home. 

Whets ' 
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Whats "liveness "? 
Sur-oose you're in a hall listening 
to liVe musical event. When a 
nOl' IS played, the first thing you 
hea' 18 Ihe direct sound from the 
so '~e. Direct sounds are then 
foil .'Icd by "early reflections" - a 
groJP of sounds that are reflected 
by HIe walls , ce iling and stage with 
d., leased volume. Finally wha t 
rea. 'Ies your ears last are the 
"re.erberalions " which come from 
ra ~dom directions over a relatively 
extended period. It's Ihls patlern of 
se,"" s, reflec tions and 
r \erberalions thai leis you know 
yo~ e experiencing a live 
pSl formance. 

~J ' acouslic space (a hall or 
aua torium, for Inslance) has ils 
O'f ' ,Individual ambience, or Ihe 
pa ter n of refleclions and 
r lerberalions. When a space is 
lar oJ" and acouslically "live," for 
eX..tmple, inlervals belween 
ino, ,Idual early reflections are 
ralt'i l long, and reverberallons 
de· '1 Slowly. The opposile is true 
for '1 small -s ized room with "dead" 
acv "Ii 

Digital acoustics simulation 
When a signal is turned into digital 
form, it can be delayed or 
otherwise processed without its 
quali ty being compromised or 
degraded. And computers have the 
amazing ability to perform complex 
analyses of a vast amount of data 
at very high speeds thanks to 
efficient VLSls (Very Large Scale 
Integra ted Circuits ). 

With this combination of digital 
lechnologies, we can now 
generate reflections of a concert 
hall With except ional accuracy-by 
measuring precisely Ihe ambience 
components in the sound heard In 
a hall , delermining the direction 
and level o f each, and Ihen 
recreating this complex aural 
environment in the listening room, 
all electronically and digilally. In 
Ihis way, it IS pOSSib le 10 creale an 
incredibly realistiC ambience right 
in your own Iislening room. 

But while digilal technology has 
given us Ihe awesome abilily 10 
lurn a I, slening room into a concerl 
hall , Ihere are 11'10 imporlanl faclors 
we must be aware of. One, Ihe 
measured dala on Ihe acoustic 
characleristics of actual halls thai 

Frankfurt Alte Oper (Oper. House) 

will go Inlo the memory of a digital 
acouslics processor musl be 
accurale and comprehensive; 
otherWise, precise reproduclion is 
impOSSible . And two, 10 syntheSize 
Ihe ambience of a hall accurately, 
two things must be considered
Ihe ambience contained in the 
recorded musIc and Ihe ambience 
of the listening room where Ihe 
recorded music will be played 
back. 

V< • 

, : I , 1oQo.N:.tIIl Il .J' ...!!.....---· ' 
_._",.uuI~.LlI,~~_ 

Typical pattern of sound 

Symmetrical 6· polnt sound field 
measurement microphone sel 

JVC symmetrical 6-point 
sound field analysiS method 
To obtain accurate data on the 
ambiences of exisling halls, we 
firsl developed a computerized 
system to measure Ihem and 
quantify them-Ihe "symmetrical 6
point sound field analysis method ." 
With Ihis sys tem, a slarter's pistol 
IS used as the source 10 create Ihe 
direct sound , since the noise it 
generates is pulsive. It 's shot in a 
hall , and the sou nd and the 
reverberations il creales are picked 
up by a JVC-developed device 
uSing three pairs of precision
calibrated omnldireclional 
microphones set along X, Y and Z 
axes, equidislant from the 
reference pOin!. 

The Signal picked up by the 
microphones are digitally recorded 
by JVC's Digilal Audio Mastering 
Syslem, and Ihe compone nlS that 
comprise the picked-up sound are 
instanlly shown on a display, wilh 
Ihe resulting data slored on a 
floppy disk for laler analYS IS 

Acoustic response of 8 musical space 



In actuat measurements, the 
sound source is placed at the 
cen ter stage, and the microphones 
are set at a seat where a listener 
woutd get the best sound. The 
same measurements are repeated 
with the sound source placed to 
stage left and right, and the pickup 
system is placed at the best seat in 
the house . Unlike conventional 
measuring systems , ours can 
measure the ambience· of a smal l 
space, like that of a listening room. 
This has made it possible for us to 
compensate for the ambience of 
the listening room in the Digital 
Acoustics Processor. 

To collect data that would go into 
our Digital Acoustics Processor, 
our engineers took the trouble of 
trave ling allover Europe to 
measure the acoustics of famous 
halls there using our elaborate 
measuring system. We went to th is 
trouble because we know that the 
simulation of a hall cannot be any 
more accurate than the data on 
which the simulation is based . 

The data on the sound source 
and reverberations measured by 
the symmetrical 6-point sound field 
analysis method are displayed as 
3-dimensional patterns for closer 
examination-each of \he 
reverberations represented as a 
"virtual image source" along with 
its size and location . In thi s data, 
the center shape represents the 
fioor of a hall . The largest circle is 
the direct sound , while others are 
"virtual image sources "; the farther 
away from the center, fhe longer 
delay they are given. Level IS 
expressed by the size of a circle. 

Digital Acoustics Processor PCB 

• 


SYMPHONY HALL 1 

SYMPHONY HALL 5 

CHURCH 

Sound Field Analysis Patterns 

.. 'PuT 
,--__________ _ _ ____---0 VA ' J 

The proc 
hal/ amb 

In our Digi 
a digllal -pr 
Larg Scal 
the functio 
"virtu 11m, 
proc ssin~ 

listen'ng rc 
sources in 
syntheSize 

Flowchart of 

[ 

0£) 
G 

[ 
Fir st, ca 

reflection ( 
in t liste 
main spea 
sound, ant 
between tI 

Control. beh 

Features of the Digital 
Acoustics Processor 
In order to accurately synthesize 
the ambience of a hall 'lt home, 
ou r Digital Acoustics Processor 
compensates for spurious 
ambiences that are generated as 
recorded mus ic is played back in 
the lis ten ing room-the ambience 
contained In the recorded musIc 
and the ambience of the listening 
room Itself . This is because the 
"virtual Image sources" created by 
our digital processor will add their 
own reflections by bouncing off the 
walls. floor and ce iling In the 
listening room . So these must be 
first cancelled out. The same is 
true of the reverberations 
contained in the recorded music If 
they are not fully compensated for, 
however, excessive reflections and 
reverberations can be added , 
totally rUining the sense of realism . 

Also our digital processor gives 
the user the choice of "solo" or 
"spread" according to the size of 

the musical source, to recreate he 
ambience of a hall more precIS Iy. 
The "LISTENING ROOM SIZE . 
"LISTENING ROOM RE VERB: 
"SOURCE RE VERB" and 
"SOURCE POINT/ SPREAD" 
con trots allow the user to adjuf 
these parameters to get a desl' ~d 
ambience in any listening room 
from any program source. 

Further, the JVC Digital 
Acoustics Processor contains 2 
different measured ambiences 
memory. This lets you instantly 
recreate ambiences of some 
typical musical spaces. And , to <!t 
you alter a pattern you've chose I 

more to your liking, it has contr 5 
to adjust six parameters lor a 
desired ambience-ROOM SIZE 
LlVENESS, LOW PASS FILTER 
REVERB LEVEL, HIGH 
FREOUENCY REVERB . and 
OFFSET DELAY. 

Block diagram of Digital Acoustics Processor 
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In our :Jlgitat Acoustics Processor, 
a dig'! processing VLSI (Very 
Larg~ :3 ~ale Integrated Circuit) has 
the fll 'clion of synthesizing the 
"virtui! Image sources " by digital 
procp-" ng for playback in a user's 
listenl g room. Virtual image 
soure,~ in a " target" hall are 
synt~ d zed in the following way. 

Flowct In of reverberation synthesis 

C.~...rlOrlof~ 
A.I'IecIkln.In.l~"*'VRootrt 

FII calculations are made for 
reliee, .)n components generated 
in the :stening room when the 
main ;f,eaker reproduces a direct 
sounfl 1nd a comparison is made 
betwL '11 the resulting data and the 

Control" behind swlng·down panel 

ambience data for the target hall. If 
a component is contai ned in both 
data, then it is removed from the 
ambience of the hall. 

Then, the largest rellection 
component in the hall am bience IS 
selected. And calculation is made 
on a reflection generated when this 
reflection component is 
synthesized by two ambience 
speakers in the lis tening room . 
Finall y, the resulting data is 
compared with the data for the 
target hall-if it IS dupl icated, It will 
be removed. 

The process wilt be repea ted for 
the 2nd largest reflection 
component in the hall , the 3rd 
largest, and so on, within the limits 
of the hardware Into this loop of 
eliminaling spunous ambience 
components is incorporated the 
environment set by parameters for 
each of the listeni ng room , the 
sound source and the target hall 
(LISTENING ROOM SIZE, 
LlVENESS, etc.). 

Moreover, In our Digital 
Acoustics Processor, digital 
processing of ambience IS 
performed in stereo rather than in 
mono as in the past. By making 
better use of the ambience 
components contained in a 
source-including out-of-phase 
left/right in formation- it's possible 
to create the ambience of the 
target hall more accurately and 
provide a fuller musica l 
experience . 

20 Programmed Sound Field Patterns 

[Na. "'-"m ...... or Ty!>o 

I ' S'y MP-o-iON Y HALL 1 SHOEBOX TYPE 

~ S YMfoiHQN Y ~ll... 2 SH omOX HPE 

L2 SYMPHONY HAL L J ISHOEBOX TYPE 

.: SY I.tPIotQN Y HAlL. ·: l VINEYAIW ryp[ 

~ I~rf.'PHONY HA'L L ~ IVIfI.o EYIiRO 'fYPE 

• I SY "PI10NY HAeL " 1VINE YftRO TYPE 

~ InrCif _"'ALe ISMALL MUSICAL SPACr 

8 OP£.R.o, HOl,SE. IWITH nERED SV<TN(; 

I 9 IGA"I£O""l IGOTHIC STYli 

10 ICHURCH HIGH-CEILiNGED SPACE 

Variable Acoustic Parameters 

~ - AdjuoIa.... .... initial 
Ra.. 

V_ 
, ROOM SIZE 05-, a I , _. 

, 2 '- VEMESS 0 5-2 01 , 
. J LOIt\ ·PA t- ' SflHz. HRU '.""i z 

' FILT ER 

I ' PC ' ~ ERa I.E\tEt o 2 TO I ' ---+ 10 I-I T5 I"-ltGH·rA~O ~ , 
R.;[Ae 

' ~OElf\Y 0-2oofT.£ 'IN '0 

Other features 
.Direct digital inputs and outputs: 
optical and coaxia l 

.4/ 6-channel system configuration 
selectable 

.6-ganged motor-driven remote
control volume control 

.Programm able 5X7-dot 40
character fluorescent display 
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System connection diagram 
The JVC Digi tal Acousllcs Processor 
provides the most realistiC ambience 
reproduction when a third pal( of speakers 
are emptoyed to add height 
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Purity, dynamics 
and an enhanced 
sense of power 
What are the two most critical cri teria 
demanded of an amplifier in this age of 
digital audio? High power and high purity. 
That's because it's the combination of these 
two factors that lets you enjoy digital sound 
to Its fullest. Until now, getting both has been 
next to impossible. But now JVC brings you 
both high purity and high power with the help 
of sophisticated digital engineering and our 
Digital Pure-A II circuitry, both featured in the 
AX-Z1010TN integrated amplifier from the 
SUPER DIGIFINE series. 
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also 10 achieve high power In Ihe 
push-pull deSign shown above, Ihe 
tranSistor on lOP and Ihe one 

Digird Pure-A 1/ 
High purity vs. high power 
The t " of reproducing mUSIc with 
dynar ~ power and deticale purity 
is a a In ing one for an amplifier. 
Of co ';;e. loday's amplifiers 
cano jive you the full impacl of 
live f11 .5Ie, bul we're getting closer 
There orle way 10 ensure high 

a hi-fi system-by uSing a 
class amplifier The reason IS 
that tr, , design does not suffer 
from ':I tching distort ion." The 
one iNback of class-A 
amp lills, however, is that Ihey are 
inefllc -I lt , requiring a massive 
power 'upply and wasting most of 
it in tl form of heal. So up unli l 
now, <, 1>s-A operation and high 
powe ' _J uld not eXist in Ihe same 
ampl il 

MOSI 8' r,h fiers use an oulpul 
config. lion called "push-pull" In 
order _ ''11prove linearity and 
eHicier _. of power transistors and 

. '\ . combined 

very 

-B, this IS nol 
J to crossover 
ng diSl or lton . 

Cla..-A operation 

e " , 

9 \ ....... , 'R 

Cla..-B operation 

Operating Current Waveform Output Waveform 

-. vs. claaa·B 
Ope\"Wi l'm 
With 
outp!.J OIl tile paired 
Iran<J1 '~ Ie,:c k 
close .al of the input.

I VMh r 
SI) I 

and 

below individually amplify the 
positive and negative side of an 
Input signal to improve effiCiency. 
The Signals amplified by the top 
and bottom power transistors are 
combined In the oulput, and, 
driven by Ihe power supply, are 
turned Into power to move Ihe 
speaker 

The power supply plays a Grltlcal 
role in any amplifier, especially if 
It'S designed for better digital 
reprOduction. The supply should 
feed enough power to th e power 
transistors so that the transistors 
operate wilh high efficiency and 
reproduce both dynamic and 
delicate sounds with power to 
spare. In this respect, remember 
power (W) equals current (I) times 
voltage (E) . ThiS means, if the 
c urrent is given, you'll have higher 
power by increasing voltage , and 
vice versa. From this it's apparent 
thai a reduction In power will result 
if there'S loss in either current or 
voltage 

Class-A vs. class-S 
operation 
An ampt ifler can be ei ther class-A 
or class-B, depending on how the 
transistors in the push-pull 
arrangement amplify the applied 
signal. With class-B amplifiers, 
each of the paired transistors 
amplifies an Input while It is 
conductive, but is switched off as it 
Iries 10 amplify the side it's not 
respons ible for Because little bias 
is applied , this results In swi tching 
and crossover distortion, which 
Impairs pUrily. Besides, the 
waveform of varying currenl is not 
as smooth as a sine wave. This 
means the outpul contains Ihe kind 
of harmonic dislortion that ca n be 
irritating to our ears. Yet the 
advantage of class-B amps is that 
since little bias IS applied, 
excessive heal IS nol generated, 
so Ihe amps do nol need a bulky 
and costly heal-Sinking system. 
For Ihe same reason, since they 
are highly effiCien t, Ihey can easily 
deliver a high power 

In class-A amps, a suffiCiently 
high bias is constantly applied 10 
the power transistors in order to 
accommodate higher dynamic 
levels This ensures that the 
current waveform is much 
smoother and that th e com bined 
output looks closer to that of the 
input this input/ou tput symmetry 
is maintained at any level so thai 
pure reproduction is achieved with 
exlremely low amounts of harmful 
harmonic distortion. Bul since a 
high leve l of bias is applied to the 
transistors, excessive power IS 
generated and much is dissipated 
as was te heat This means a high
power class-A am p requires a 

Inelde view of the AX-Zl010TN 

prohibitively costly heat sinking 
system and power supply. 

So all in all, what's the most 
ideal amplifier deSign ? It's the 
combination of the two classes of 
amplifiers withoul disadvantages of 
each-one that combines the low 
dlstorlion and smooth response of 
class-A with high power and 
efficiency of class-B. 

JVC Digltat Pure-A /I 
The JVC Digi tal Pure-A II operates 
just like the most ideal amplifier, 
offering the combined advantages 
of class-A and class-B It's an 
amplifier that varies the bias 
according to dynamiCs of the input 
in order to combine high purity and 
high power: it supplies low bias 
when the Input level IS low, 
intermediate bias when the level IS 
moderate , and higher bias when 
the level IS high. In other words, 
Digital Pure-A II is an Ideal 
amplifier that combines high 
power, high efficiency and pure 
sound. The innovative thing about 
thiS design IS that it takes 
advantage of the unique nature of 
the digital signal when in dlgitat 
form, a slgnat can be delayed 

. Without degrading its quality. 
Digital Pure-A II operates in the 

follow ing way : 
Digital Signals fed directly from 

digital equipment (a CD player, for 
example) are split Into two signals 
Ihe main and the "prediction" 
signals The main signal is sent to 
a time base processor where it's 
stored in memory for a very brie f 
10 milliseconds before being 
passed on to the 0/A (Dlgital-to
Analog) converter The prediction 
signal is sent to a prediction Signal 
processor and on to the high
speed optical bias controller In the 
prediction Signal processor, the 
levet of the upcoming main Slgnat 
IS measured, and a prediction 
signal is generated. In the optical 
bias controller a control Signal IS 
generated by comparing and 



analyzing the prediction signal and 
the DI A-converted main sig nal 
from the "output level detector," 
where the absolute peak level of 
the power transis lors IS detected. 
Finally, the con trol sig nal is sent to 
Ihe bias CIrcuit to determine which 
of th ree bias steps IS to be applied 
to the power transistors. 

Mil I, II ()lJ r~ul 
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Operallon 01 Digital Pure-A II 

If there IS no input , only 
minimum amounts of currents are 
applied (step 1). (In the figure 
above, the lower trace IS the level 
of the upcoming signal , and the 
upper trace shows the level of bias 
current. ) When the level, or 
dynamics, of the input signal 
increases to a moderate value
and th is is the level you hear musIc 
at most of th e time-the current 

Increases to step 2, allowing you to 
enjoy the benefits of pure class-A 
operation When the input signal 
level goes higher s till , the current 
increases to the third, highest level 
at which you can enjoy both high 
power and pure class-A sound. 

In Digital Pure-A II, rather than 
the power-supply voltage, the bias 
cur rent fed to the power transistors 
is adJusted accordi ng to the level 
of the input signal, which translates 
into qUicker respon se and higher 
efficiency. The bias current IS 
always high enough to ensure that 
the amp operates in pure class-A , 
which reduces harmful harmonic 
distortion and provides pure 
sound. And the power-supply 
voltage for the power transistors is 
high enough to avoid clippi ng the 
wavelorm when a high -le ve l signal 
IS suddenly applied. 

Output power: 100 watts per 
channel, min . RMS. both channels 
driven into 8 ohms, from 20Hz to 
20kHz with no more than 0.004 % 
total harmonic distortion 

Block Diagram 01 Digital Pura-A Circuit Typall dII5ITaL-~ 

Built-in digital circuit: 
the K2 Interface, 8-times 
oversampling digital filter 
and quadruple DIA 
converters 
The AX-Z1010TN is a "digi tal" 
amplif ier complete with a digital 
Signal processing circuit for 
accepting and processing digital 
Signals from your CD player, DAT 
(Digital Audio Tape) deck or other 
digital equipment. Here we've used 

Dlgllal PCB with K2lntarfac< '_51 

the same circuit config uration d in 
our state-of-the-art XL-Z 1010n, 
CD player: the K2 Interlace, 
8- tlmes oversampling digital fill 
and th e Quadruple Full -Time 
Linear 18-Bit Combination DI A 
(Digital-to-Analog) Converter. 
essence, the K2 Interface rem~ l es 
rrppte (waveform distortion) an 
jitter (sh ifts in time) by creating ~ 
totally new code . The oversamr ,.,g 
digital filter removes re-quantiza . ::In 
noise more effectively, while 
reducing group delay. And our 
exclusive combinat ion Df A 
converter improves tOW-level 
linearrty in order to reproduce 
delicacy and subtlety better Mo' 
detaits of these JVC technologlf;:, 
are found in the description 01 tt"o 
XL-Z1 010TN CD Player 

BlOck diagram 01 AX-Zl0l0TN'. digital circuitry 
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AX-Z1010TN 
DfGITAL PURE-A INTEGRATED AMPLIFIER WITH K2 INTERFACE 

Op' Super-A 
The X-Zl01OTN lets you enloy achieved It uSing relays and 
clas.. sound from analog electronic switches that let us 

pro" l mS, 100, thanks to the Opt 
 avoid running connection wires 

Sur ··A circu itry. There's a 
 from the back of the chassis to the 
phO oupler device that controls fron t and then the back again. 

the as curren t to the power 
 Moreover, there is a "DAC 

tra r"' -; ors in linear fashion , while 
 DIRECT" switch that when turned 

pre' . . '1 ting the transistors from 
 on allows the output from the 0 1 A 
SWlt ling off. As a result, you can converter to go directly to the 
enl( smoother sound without power amp after a very short trip , 
croe ) ver distortion, and at the with only the volume con trol on 
san- time the high efficiency of line. 
clas B amps. 

Other features 
- High-gain phono equal izer for 

Lov, impedance driving MM IMC cartridges 
capability AX-Zl01OTN is a "digital" amplifier Designs for pure signal -Bass con trol 

for a reason : it's des igned to -Remote control with volume transmission 
capably handle load impedances control and speaker switching 
as low as 4 ohms or even less. - Connections for 2 pairs of 
fndeed at 2 ohms it provides speakers 
dynamic power as much as 
320 watts per channel. We've made 

this possible in two ways. One, 

we've used high-performance, 

high-power transistors for the 
output devices and arranged them 

The .tnamic sound of digi tal in para llel push-pull configuration . 
prog .ims requires that power This reduces output impedance for 
sup~ current be always availab le improved speaker-driving 
in ar ~dance to cope with low capability and reduced distortion . 
imp -. JdnCeS presented by high Two, we've used thicker wiring in 
pow transien ts and complex the power transformer to reduce 
load This ensures that digital power-s~pply impedance and 
prog "ms are reproduced with low Improve the dynamic range. 
distG 'Ion and power to spare. The 

large power transformer using thick wire and high-capacity capaCitors for the power 
lupply 

Optical and Coaxial Digital Inpuf1l on Back 

In the AX-Zl01OTN, we've trimmed 
the signal path 10 the shortes t 
possible leng th to maintain the 
high purity of input Signals. We've 
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T R 
Computer control at its most 
accurate and convenient 
The primary function of a tuner is to bring in the station 
you want precisely and accurately, whether ii 's near or 
far. Using the latest circuit designs and devices, we've 
made our tuner from the SUPER DIGIFINE series, the 
FX-1010TN, more sensitive, selective and interference 
resistant than ever- the reason the tuner is able to 
provide wide dynamic range, low noise and low 
distortion, and wide frequency response . It's also 
extremely easy to use, thanks to the amazing power of 
an advanced microprocessor. 

Reception servo for 
optimum reception 
The recept ion servo in the ably clear sound When a signal 
FX-1010TN ensures the best level is overly strong, the RF 
reception from any station, almost gain is reduced to avoid 
anywhere. A bUilt-in micro saturation distortion: when it's 
processor detects the strength of weak, sensitivity is increased 
a tuned station and compares it Moreover, the tuner is equipped 
against the degree of Interference with inputs to connect two anten
from adjacent stations. Then, nas: each may be orienled for the 
depending on the degree of best reception of stations in 
interference, the microprocessor diametrical opposition to the other 
selects the optimum operation Conveniently, the position of 
mode for front-end, IF and multi antennas, A or S, may be stored in 
plex decoder stages (adjusting memory slation by station, wh ich 
such parameters as RF gain, IF allows most precise reception from 
bandwidth, Quieting Slope Control any sta ti on, wilhout multipath 
and mono/ste reo). Therefore , distortion . 
when Interference is exceSSive, To add to convenience , the 
a narrow IF bandwidth is aulomat l selected paramelers are clearly 
cally chosen to prevent nOise . And indlcaled on a large fluorescen t 
if there's no interference, then display, le lling you quickly confirm 
a wide IF bandwidth is automati tuning status. 
cally selected to give you remark-

Flowchart 01 Optimum Reception Servo System 
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Features for low noise and Low-dlstor 
low distortion The IF secti 
JVC uses components and devices mutual interference and nOise ·,d featu res cel 
to ensure lowest possible noise the digital control section, whiG!' with a dlsto 
and distortion and widest dynamic can be 8 source of noise for b tier pi 
range from your favorite stations. generation, is fully shielded 10 distorTi on. 

contain noise . 
"Opticallnk" system PLL detect 

A PLL dete, 
dlstol lion 81 

ratio f r dyr 
sound 

Beatfess P 
The FX-1011 

The "Opt icalink" system is one mult iplex ci 
developed by JVC to ensure lilters out b 
highest pUrity from your lavorile 
slat ions. It uses eleven 
photocouplers (each consisting of 
a photoemilier and photosensor) 
to electrically decouple the analog 
from fhe digital section . As a result, 
interference between the two due 
to elecfrlc coupt lng is completel y 
eliminated. This puts an end to 
digital noise and removes any trace 
of muddiness from the sound you 
hear 

In the FX-1010TN, each of the 
analog/tuner, digital control and 
"Optlcalink" sections is mounted 
on its own PC board to shut oul 
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Inside view Of the FX-1010TN 

I nOise. And 
ln, whicll 
,e 
Ided to 

varica, ~ , makes It as sensitive, 
select e and resistant to 
interiE <;! nce as a front end using 
an ela 'orate 5-ganged tuning 
capac "' f. Therefore, the slgnal-to
noise ;.tio and Interierence
reject,r,n capability are outstand ing . 

Low- i tortlon IF section 
The II' ectlon of the FX-1010TN 
featur . 3 ceramic filters coupled 
with a ·1 tortion reduction circuit 
lor be -'r phase response and low 
distor i'.)n . 

PLL elector 
A PLL letector combines low 
distor l n and high signal-to-noise 
ratio fr ynamic and wide-range 
sounc 

Beatle1s PLL multiplex circuit 
The F" 1010TN uses a new PLL 
multip • circuit that electrically 
lilters II beat nOise-noise 

resulting from two or more 
frequencies interfering with one 
another. In a convenlional CR-Iype 
MPX circuit using a VCO (Voltage
Controlled Oscillalor) , however, a 
device called an "anll-birdie filter" 
is used 10 remove beat noise , but 
the coils in the circuit tend to 
degrade Signal quality. In our 
beatless multiplex CIrcuit, 
moreover, a pilot canceller is 
featured to suppress the leakage of 
the pilot signal, thus obviating the 
need for a 19kHz filter, another 
component that would harm sound 
qualily. 

Active filter 
To prevent leakage of Ihe 38kHz 
subcarrier contained in a stereo 
broadcast, an LC filter built from 
coils and capaCitors IS commonly 
used, but, due 10 Ihe magnetic 
distorlion the core of Ihe cOil 
causes, this system tends to 
degrade sound quality. In the 
FX-l0l0TN, however, an acllve 
filter has replaced the passive LC 
filter ; with cOils ehmlnaled, il 
provides better high-frequency 
response, wider separation and 
higher signal-to-noise ratio . 

Computer-controlled 
operating ease 
With the help of poweriul 
microcomputers, we've also 
improved tuning ease 01 the 
FX-l01OTN Iremendously. 

Station name display 
You can assign up to six 
alphanumeric characters to each 
presel station In the memory
"JAZZ-8," lor instance. 

Auto memory 
All 40 FMIAM stations can be 
automatically tuned in sequence 
and committed 10 memory as 
presets. 

Random preset memory 
You can preset as many as 40 FMI 
AM stations in random order. 
There's a numeric keypad that 
allows direct access to any of 40 
stations. 

Preset scan 
All preset FM IAM slations can be 
automatically sampled one by one 
for approximately 5 seconds each. 

Preset cancel 
Use this feature to skip undesired 
preset stations during preset scan . 

Program memory 
Up to eight "events" (broadcasts) 
can be programmed for sequential 
recall under the control of an 
optional timer. 

AutoQSC 
The Auto Quieting Slope Control 
Circuit automatically goes Into 
action to reduce noise when a 
station signal is weak . 

dB-referenced signal strength 
Indicator 
Read off the signal strength of a 
tuned station accurately down to 
1dB-a convenience when 
orienting antennas . 

Variable stop level 
Adjust FMI AM muting threshold in 
5dB steps over a range during auto 
tuning . The variable stop level 
feature lets you adjust the 
threshOld from 20dB to 60dB for 
FM , and from 60dB to 90dB for 
AM. When you use a higher levet , 
you'll receive only powerful , ctear
sounding stations, With weak 
stations muted out. Or, when you 
choose a low level, all receivable 
stations are tuned In. 

Record calibration slgnaf 
generator 
Record calibration signal generator 
outputs a standard 400Hz signal 
for recording level adjustment. So, 
you can easily set the recording 
level for different broadcasts or 
types 01 tape , 
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DISCRETE HREE-HEA 
CASSE TE EC 

Getting closer to 
digital sound in 
performance 
It's true that audio equipment has been 
becoming more and more elaborate in 
circuitry these years. But the more complex 
circuitry is, the greater there are chances that 
the signals will be compromised in the 
process. So in the TD-V1010TN cassette 
deck from the SUPER DIGIFINE series, JVC 
took the classic " less is more" approach. 
Also in order to ensure pure and clean 
sound, JVC has employed a number of ways 
to damp and eliminate resonance and 
vibration. 

"Direct" 
reprodu( 
Based on t 
philoSophy 
TD· 1010T 
wiring and 
and straigh 
possible. 
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reproduction 
BaseG on the basic design 
philoSJphy of "less is more," the 
TD-V llI0TN features minimum 
wiring and a signal path as direct 
and s'-ai ghtforward as technically 
posslrlle. 

The TD -Vl0l0TN has a "CD 
OIRE·_T' input- and a switch to 
selee it-that lets you route the 
anal orJ signal from a CD player 
direc (0 the cassette deck, entirely 
skip ng circuitry in the receiver or 
amp! 'er. The TD-Vl010TN also has 
a "D, =t ECT" input for connection of 
a ser md high-quality program 
sou re e and the normat "LINE" 
inpur for connection with the amp 
or re elver, both with associated 
selec'or switches. 

W"h "CD DIRECT" and 
"01 f CT" inputs, the applied 
sign, runs the shortest route 
skip ~ l ng the balance control. Even 
the ['~ I by HX-Pro and BIC noise 
redu _tion circuits can be 

Inalde view of the TD-Vl0l0TN 

"Dirf:c t" design for pure 

is built from rigid and heavy die
cast aluminum. The front panel is 

Higher resistance to fashioned out of non-resonating Direct layout 

Combined record and play 
heads use "fine" amorphous 
material lor 5Upeno( hlgh
Irequency response and 
peace wiring IOf signal purity 
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com' letely put off line with the NR 
swit · les off. Trimmed wiring and 
fewc contacts add up to 
exc tional purity in the played 
back sound. 

Also, the PC board for recording 
and playback is directly connected 
with input and output terminals, 
and the pattern is laid out 
symmetrically for the lett and right 
channels to trim wiring. In addition, 
the input selector buttons , input 
levet' knob and power button on 
the front panel are linked via 
remote bars with switches and 
controls focated near the input and 
output terminals on the rear. This 
of course is to cut the wiring to the 
bare minimum. 

All this care to the last detail has 
resulted in reduction of noise, 
distortion and other sources of 
sound degradation that can 
compromise the purity of taped 
sound. This in turn means you can 
enjoy the fuller benefits of digital 
sound lrom our cassette deck
wide dynamic range and accurate 
recreation of most minute nuances, 
to name a few. 

Dlrect-connecrion separate circuits 
Input selector bullons and the Input level 
knob are linked with switches and I a control 
located al back via 'remote ba rs M 

vibration and resonance 

Even the slightest vibrations and 
resonance can atfect the quality of 
taped sound: when the tape is 
subjected to vibration during 
recording or playback, it can lead 
to modulation noise, the source of 
unclear, impure sound. So we've 
devised a number of ways to 
damp, suppress or totally eliminate 
them, ensuring pure reproduction. 

Vibration-suppressing 
mechanical designs 
In the TD-Vl0l0TN, the precision 
base for the tape drive mechanism 

high-specific-gravity resin, which is 
1.5 times heavier and 1.7 times 
more rigid than the conventional 
front-panel material. During 
recording and playback , the 
cassette is held firmly in place by a 
stabilizing pad that damps 
resonance and vibration. A metal 
sheet is attached to the circuit 
board supporting the motor to stop 
the flywheel from vibrating. Further, 
a massive brass weight is used for 
a reel receptacle to damp 
resonance and also improve 
rotating constancy. A solid and 
rigid base supports the entire 
chassis. Large insulators isolate 
the deck from sound pressure and 
external vibrations. And control 
knobs and switches are fashioned 
out of solid atuminum. This all adds 
up to pure and clean sound, 
especially from digital sound. 



High-specific-gravity rBaln front panel 

Closed-loop dual-capatan drive mechanism 

Closed-loop dual-capstan drive 
with direct-drive motor 
The TD-V1010TN employs perhaps 
the most sophisticated tape drive 
mechanism ever designed. With 
this drive, the portion of tape that 
runs across the heads is held taut 
during both recording and 
playback. One advantage of this 
sophisticated system is that it 
shuts out vibration and other 
external disturbances, resulting in 
reduced modulation nOise. This 
gives you sound that is noticeably 
clearer and cleaner. And it 
improves head-to-tape contact lor 
better response. The capstan is 
driven by a JVC precision 'high
lorque core less "pulse servo" 
motor which does not set up much 
vibration, further "cleaning" the 
taped sound. 

Precision die-cast aluminum base for tape 
drive mechanlem 

"Acoustic modulation noise" 
Up until now vibration and the 
degree of soniC degradation it can 
cause have not been correlated as 
meaninglul data. So JVC has 
deVised a new and more useful 
way to measure the effects of 
vibration on performance-the 
"acoustic modulation noise" test. 
In conventional modulation noise 
te sts , the deck under test is set to 
simply record and playa 10kHz 
signal. But with our new method , 
the test deck is set to do so under 
100-phon sound pressure , 
generated by a speaker 
reprodUCing pink nOise. This setup 
simulates more closely the 
situation in which a deck is likely to 
be used at home. 

As you can see below, "acoustic 
modulation nOise" is not only 

"Acoustic Modulation Nolss" 

R••ponu 01 CoovtlnUona' Declc 

R••pon•• ol RIgidly Built Deck 

reduced overall in the TD-Vl010TN, 
ItS curve is smooth. This proves 
that the TD-V1010TN has th e 
capability to detiver exceptionally 
clean and transparent sound. 

W!thStMllU.., 

Improvement In Modulation Nol •• By 
CII...n_ Stabll!zer 

3-head design for best 
response 
The TD-V1010TN features three 
independent heads, one each for 
recording , playback and erase. 
Thi s means since the heads are 
separate, each can be given the 
optimum gap width for best 
response. Moreover, the azimuth, 
tilt and tracking can be aligned 
head by individual head for best 
results-extended response and 
low noise. This discrete 3-head 
construction also enables you to 
monitor recordings as they are 
being made. There are separate 
circuits for Dolby encoding and 
decoding , so you can monitor 
Dolby-encoded recordings in real 
time , 

"Fine " ;:; 
using PI 
The recon 
TD - 1010' 
de veloper 
ma!enal, \ 
high-freql 
SA ISen-1 
resistancE 
signal pur 
peOCC f( 
the neads 
oxygen-fr 
crystal-lik· 
most effic 
and color; 
reproduct 

Dolby' I 

DOlby HX 
improved 
response 
circuit dyl 
according 
m 'SIC, in 
taoe's sat 
the dynar 
frequenci 
Dolby B/I 
systems, 
with a dYI 
that of di( 
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"Fine" amorphous heads 
using pcacc wiring 
The r· ~o rd and play heads in the 
TD-V 'lJ l0TN are made of newly 
deve >ped "fine" amorphous 
mate , ~I , which combines superior 
high·"" quency response and our 
SA (:0 n-Alloy) head's superior 
resiS j nce to wear For higher 
sign J purity and clarity, we use 
PCO ~C for the coils and leads In 
the I ,ads . pcacc is purest 
oxy_ ·n-free copper with single
crys ..iI-like construction , featUring 
me!" efficient signal transmission 
and Jloration-free sound 
repr duction . 

OOlhy ' HX-Pro circuit 
Dott .. HX-Pro is a new approach to 
imp r led high-frequency 
res~ .)[lse . During recording, this 
ciro ' dynamically adlusts the bias 
acer jlng to the dynamiC level of 
mUE:, In order to improve the 
tapl > saturation level and expand 
the J:m amic range at high 
free 0ncies . In combination with 
Doll B/ C noise reduction 
5yS' 'ns, It allows a tape to record 
wi tt 3 dynamic range as wide as 
that -I digital programs. With mosl 

other decks , Dolby HX-Pro is 
undefeatable. But you can put it off 
line with the TD-Vl0l0TN 
whenever you want higher pUrity. 

r....; . ~ . l' t 

Frequency Response with and 
wlthoul Dolby HX·Pro 
The Dolby HX-Pro CirCUit Impruves the 
lape's MOL (Maximum Outpu f Level) at 
high flequenCles. 

Elaborate circuitry for purer 
sound 
DC-servo playback amp 
The playback amp features a low
noise FET differential input, 
cascade connection and DC servo 
system-an elaborate design 
usually featured in the phono 
equalizer of a quality amplifier It 
has Improved signal-to -noise ratio 
by 3 to 4dB. 

High bias frequency 
The bias frequency is twice higher 
than normal at 210kHz. This 
reduces beat noise due to 
interference of audio signals with 
the oscillator frequency. 

Low-Impedance voltage-tracking 
power supply 
A highly regulated, low-impedance 
power su pply is featured in the 
TD-Vl0l0TN. Using a large
capacity transformer and 
electrolytic capacitors, it 
automatically tracks positive and 
negative voltages to keep the 
ground potential zero and improve 
the stability of amplifier circuits . 
Moreover, our power supply 
exhibits extremely low output 
impedance across the audible 
frequency range. The result? Even 
mosl dynamic musical passages or 
external noise cannot affect the 
sleady performance of the power 
supply. 

Separate circuit construction 
In the TD-Vl010TN, the audio 
amps, power supply and control 

TD-V1010TN 
DISCRETE THREE·HEAD CASSETTE DECK 

circuits are mounted on separate 
PC boards, and insulated from 
each other, to shut out 
interference-both electric and 
magnetic. Furthermore, the deck 
uses circuit boards plated with 
OFC (Oxygen-Free Copper) to 
ensure that the most delicate 
nuances are reproduced precisely 
Also contributing to cleaner sound 
is a fluorescent display off switch 
which turns off the display to 
prevent low-level digital noise . 

Other features 
-Computer-controlled full-logic 

control with "silent mechanism" 
-Fluorescent Digital Peak Display, 
level meters and digital counter 

-Auto rec mute, Music Scan, 
Timer start (record / play). Auto 
tape selector 

-Bias and level controls for flat 
response and sensitivity matching 

-Headphone output with volume 
control 

" 'Dolby" aM Ie doublo -Q sym bol are 
trademarKS o f Oo.Oy Laboralol eS L C(Hlslng 
Corporallon. 

COIlfPf./UNK
c_ 



8X-911 0 

THREE-WAYS 

Another step closer 
to the "digital 
realism" 
For highly musical reproduction, especially of 
digital programs, high power alone is not 
enough. Therefore, in our speaker system for 
the SUPER OIGIFINE series, the SX-911 WO, 
we've also improved linearity (especially at 
low levels), clarity, transparency, definition 
and depth. We have done so by upgrading 
our speaker-design technologies, from 
diaphragm unit to construction, to give you 
exciting "digital realism." 

Cloth-Carbo 
(M'9nlft• d ) 

Our new c 
pr Ifides E 

crispness 
Ihough( 10 
until now. 
newly dev 
carbon fib, 
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CIO~1 1-C8rbon Diaphragm Material 

(Mo nillod) 


Ol, new ctoth carbon woofer 
prc .ides extended bass response, 
cn",mess and richness-properties 
the Jght to be mutually exctusive 
unt now. This is because the 
ne\ ,y developed ctoth carbon , 
carlJon fiber woven like cloth , 
fea Jres the ideal combination of 
lig~ weight, high ngidlty, high 
SpE 'd of sound and controlled 
intE nal loss. 

( 1 th carbon's high rigidity 
me 15 that the vi brations of the 
voic ~ coif are more exac tly 
trar "Iated into the linear movement 
of t e diaphragm, while the power 
ran '" over which the diaphragm 
ex" 1)lts a piston-like motion 
(WI " out cone breakup) is wider. Its 
cor rolled internal loss ensures an 
imp 'Jved frequency response 
thre _ghout the en ti re range th e 
wocier covers. And the light weight 
me s that the upper limit of the 
Unit.; frequency range is higher, 
ext. lding the overall low
fre Ci Jency response. Moreover, the 
su rr'Jund o( the woofer IS made of 
a p i nt material featuring qUick 
res/O lnse, which helps make the 
bas sound powerful, crisp and 
rich The midrange also features 
"fir ' cloth carbon for clear and 
nat l,ral sound. 

"Fine " cloth carbon midrange 

Amorphous-diamond 
coated tweeter 
The amorphous-d iamond coated 
tweeter provides exceptional 
transparency. This IS because we 
use a totally new design for the 
tweeter : a dome diaphragm with a 
titan ium base on which a thin tayer 
of amorphous diamond is coa ted 
using a high-tech process called 
CVD (Chemicat Vapor Deposition) 
Featuring uniform thickness, high 
purity and smoothness of surface, 
this coating increases the 
diaphragm's speed of sound to 
at most that of natural diamond. So 
the transient response is 
dramatically improved, as IS sonic 
purity. 

Amorphou.·OIwnond 'I'n~ DI.pttfllgm 
COIl,", DlapltrA9"l 

UM, H~ogr.phy Comperiaon 
Our hl· lech rv.-eetf!r drllpht'lgm • mo' 
rl!!:SlSL3flt 10 cone Dl1Iakup. f8t:un,ng [I 
p &Ion 1,~o molion inlo II muct- r"ort~ r 
IfOQlJenc:y nget thin do dmpNagml IlliIOC 
0 1 COttvMIllOOti Itertd! 

Die-cast aluminium sp eaker 
frames 
Every unit In the SX-911 WD is 
housed inside a solid , 
un resonating die-cast aluminum 
frame. All frames are circular to 
disperse vibrations uniformly and 
efficiently. The woofer frame is 
especially impressive: it weighs 
4.6 Ibs. (2.1 kg)- twice the weight 
of a common woofer frame. Firmly 
mounted by eight heavy-du ty 
screws on the front baffle, the 
frame supports the moving 
structure so that rich and powerfut 
bass of digital programs is pfayed 
back with highest clarity. The solid 
frame also con tr ibutes to 
increasing the rigidity of the front 
baffle , protecting it from resonance 
and vibration. This ends spurious 
radiation, which means dramatic 
clarity in the reproduced sound. 

RIgIdP.....AIu_FnmororSX-911WDW_ 
Aheavy dlO-c'.ml llumum tl'iJrTIO mclV\ l' tnt ~er 
uMon the lronl battleW'l1h eigN 9OidICfewl. Th 
con ftQtJtaliOn 16 e:dt~-'ni*1 reRllAnl to ra:sot\.QnCtI. 

Cloth carbon woofer 

, 
Amorphous-diamond coated tweeter 

http:dlO-c'.ml


A sofid enclosure with 
natural sonority 
The SX-911 WO features a solid ly 
constructed enclosure, using 
l-inch (25mm) panel boards. To 
increase rigidity, front and rear 
baffles are mounted with additional 
cleats. And all sides of the 
enclosure are bonded together 
under one-ton pressure, making 
the entire enclosure as strong as it 
were made of a single piece of 
wood. This bonding process does 
not use heat, so the boards will 
stay firmly bonded for years, 
maintaining the enclosure's high 
rigidity. Moreover, the boards are 
made from high-density 
particleboard, chosen for its 
superb musical sonority. 

Rounded front baffle 
The round-cornered front baffle of 
the SX-911WO does more than 
lend class to overall design. It 
prevents the sound diffraction that 
can occur at sharp edges causing 
blurry and indistinct sound 
imagery. You'll enjoy clear 
definition and lifelike perspective 
from the SX-911 WO . 

.High power handling capacity 
150 watts/300 watts (Music) 

.12-lnch (30.Scm) cloth carbon 
woofer for the bass sound that's 
CriSp , extended and rich 

.	 4- 1 / 2-inch (11.5cm) "fine" cloth 
carbon midrange for rich and 
natural midrange sound 

.1-inch (2.5cm) amorphous
diamond coated tweeter for 
transparency and superior 
transient response 

.Frequency response: 40
50,000Hz 

. Sensitlvity (1 m on axis): 91 dB/W 

Propagation Characlerl,tlcl of SX·911WO 

Computer simulations 
With JVC, the days of using trial
and-error methods to find the 
optimum positions for mounting 
speaker units on baffles are gone. 
Today, by inputting design 
parameters such as speaker unit 
characteristics, the physical 
properties of enclosure materials, 
and the sizes and shapes of front 
baffles, we can reatistically 
simulate on computers how the 
sound will be generated and 
propagated . Thanks to this 
advanced technique , the 
SX-911 WO combines better 
definition, smooth response and 
accurate phase response. 

SX·911WD EncIO'Uf, 

Vibration An.ly••• by Modal Technique 

Quality parts 
We use only quality parts in the 
SX-911 WO so that the sound, 
whether digital or analog, is the 
best you have ever heard. For 
instance, the frequency-dividing 
network is made from quality parts 
to minimize signal loss and phase 
distortion. Moreover, the network is 
also physically divided into three 
parts- one each for the high , mid 
and low Irequency .range-to shut 
out interference. Furthermore, 
wires are not soldered but clamped 
firm and then hermetically sealed 
by a bonding agent. This ensures 
minimum degradation of the signal 
over longer periods of time. 

ConvenUonl1 Enclolur. 

Thanks 10 thick boards and rigid contruction , the enclosu(e althe SX-9 \1WO is highly 

resistant to even the minutest deformation and resonance. 

- ~ 
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COI'APU LINK A component Ihal 1ncorpo1a lc5 l~e JVC COMPU LINK COll l IOI SyS!Cr ThIs system pcrrntls II 10 '"lal'k, Or operate Inte ract ive ly, with olher COMPU LINK CO ponCnlS . allowJnt; 
one-touch source select ion/playback, or coordinated 0pclal,on -

C0fI.1PULlNK A componen t Ihal has versatile remote cOnlrol junctions bUill In lis COMPU LINK Remote Conllol Syslcm allows Individual COMPU LINK Components to be operated hom a 
!~.J/ smgle remote control unit 

SPECIFICATIONS 

XL-Z1010TN 
compact Disc Player 

lI nme.asurat»e 

OU1PUIltN I 20YRMS 

16 ·3/': X 4 -9.1 'b;'" 1-4 · 13/ 16 In,nt's 
1115,. l tfj. y 315,mrn StgRIII-lO-NC.se ~Q.IIO 10000 

Chlnnel Sepa 110n (1 kHz) 102dB 	 16. 4 Ib~ . (lA ke) 

RX-1010VTN 
Receiver 

AMPUFIER SECTION 

OUlpUI Power 
2-Chann,e1 OpGratlOn 120 watt. per channel, min. RMS, both ch.nnell driven Into 

8 ohm' trom 20Hz to 20kHz, wtth no more then 0.007% 10tel 
harmonle dl~or1lon 

(Flont C-Mnnfltfi} 
110 WIItta per Chlnnel , min. RMS, both eh.nnell driven Inl0 

8 ohm. from 20Hz 1020kHz, with no more than 0.007% lol~ 
herrnonle dl~or1lon 

(Rear ChannelS) 
15 wailS pe l chunn"'I, l'I"Irn. RMS. Inlo 8 ONnS 111kHz . With 110 mn le 

than 0 07~ ' 101"" hiUffiO nlc CNi!Or1tQf\ 

Oynarmc PDYoer" 

2 ohms/4 ohms ' S otunfl 380 wa\t~/26t) walls/ too. 'NullS 


Total H armo~ Distortion 

(6 ohm&., 1kHz) oOOJ IJI. ' al 125 W!J 11 OiJtP:J! 


InWjrmQ(]ulahon D f~ortlon 0.007 .... lil t 120 walt output 

Inpul Sf!lnJllivi lyfimped3nc 
PHONO loAM 
PHONO M e 
ViDEO SOUNOI~UXICDITAPE 

SlonaHo-NO~ Rill 'O f '66 IHF (7S' rHr} 
Pt-iONO 
VIDEO SOUNO / AUX/ COfTAPE 

Freql,rlB!rH:-Y Ra.sportM 
PHONO 

2.SmV/47k Q,hms 
2SOpV/IOOohms 
23OmV/ 471c ohms 

BOdB/SOdB (REC OUll 
10OdB(85d8 

20Hz - 2O!<Hz hO.5dB} 

_ _ :.::~E:.: ::OU::: ITA::.P-=-F__----=-::.,=: 50~hll Vfl) O:..:S :: N=D:.:'A:::U:::X:.:/C::D:..:::. 5HZ - "' O . IdS . 
RIM Phcno EqutlbtalllOn ±OSdB (20H z - 2OI\HlJ 

louoness CMI,or 

( \Jt) hJme conlrol '01 - JOaB posdtof\) 


$ ,E,A. SECTION 

63. 160, 400. Ik, 2 Sk , S.3k. 16kHz 

Coni rot Range ;t lOdB 

FlO TUNER SECTION (IHF) 


UIQble SMlSLliV'll y ID 8dS i (0 95 ~Vf16 o hms) 


.50d0 OUiehng SensltlVllv 	 ,...t ONO 16 JdBI f1 8~vI75 ommH 
STEREO 38 3<181 122 b " VI7& ohm~_1___ 

~::~~I ~:~~S~~:~~· fu 1~~=M ·-----:-~~::I.5"'''''/::-D-=-2%::----
Signal -IG- NQlse Ratlr .. IIHr-I, W~hLE'd\ 


MONO/ STEREO fa! SSdBI) .A tdf3 ( IJdB 


SefCclN lly ti:4,OOkH' ___..,6..,Sd-,B _____:-_ _I=-,--..,. :-
CliPlun:!: R.il~ OOm V/300 oh ms) tSdR 

w= Rosponse An i D (98MHd 85d8 

r=r uel1CY Response 30Hz - 151i1H7 ( to 5, '\d8) 

AU TUNER SECTION 

LJsal1le Sem.,hvily 3OO"V/rn (l OOp 3n tenfl:lf 
JOuV iF.xlelnal ani nil) 

SrgnllH o-- NolSe A8 110 (IOOmV/ml SOda 
Sele(.t:rvily r:t tOkH.Z) 38d8 

VIDEO INPUTS/OUTPUTS 

Outpu l SrgnIJ lIl'1JII!I1 

Im pedance 

SynC:hrOOlzall0n NegalNU 

SlgnaHo-Noiie Rallo 

C rO 'S &IIIJ'k 	 4S1l8 {j 58MHl) 

OWN:in910n$ (W XH XO) 1 7 ~J( 16;<6-3/ 16 .... 15- 1 / 2 lI:u:Ms 
435;.: 156x39301ffl 

27.6 IbIS ( f2.Skg) 

• Measured by JVC Aud iO Analysis Sys tem 
- • EIA Dynamic Tes1 SIQMI. 

XP-A1010TN 
Digital Acoustics Processor 

Volume ContrOl 6-ganocd motor-dnvl!in remola ·controlled velum£' conlrol 

o A.P. l evel Volumfi Con ir oi From/Rear 

AID Convertef 

01 A Convener 

Num ber 01 Sauna r2lid PaUllIna Progmmmetl 20 
Mi:1n uitl 20 

Input T(!!Int n,ul ANALOG LI NE IN/TAP( PLAY 
DIGITAL OPTICAL OFlTICAL LINE IN 
DIGITAL COAXIAL COAXIAL LJNEIN/COAXIAl OAT PLAY (32k/<4Ik/o1 8kHz) 

3-rn0d6 fU,Il0m'& I lc Sl!Hichon 

OulPUI Termllllils : ANALOG MA IN/ rOONT/REAR 
OIGrrAlOPTICAL OPTICAL lINF. OUT 
OIGITAI. COAXI!\l. COAXIAL U NE OUTICOAXIAL OAT REC 

Tape Punc llOr.:£ NORMAU PlAYSACK/D A.P. REC 

Level/Impedance' 	IN SOOmV (47k ohms (l1Nr IN. TAPE PLAY) 
0tJf SV/660 ~ms (r=/0 A P OUT. RIO A.P OUTl 

Tal HarmonIC DI~ ltIn MAlN OUT 0002,"" tkHl . ZV !lUlput) 
D .A.P.OU OH'i(TAL O.Qo.1%.l ANAlOO Ot)Q5, r I~Hl, 2V (II ,lpu'] 

Frequency Response 1oJI /J,IN OUT t>Hz - 100kHt ( ... O. - 309) 
o A P OUT DIGITAL: 5Hz - 2C*H 1' (-l -o 5 - tdB l 

ANALOG: 5Hz - 2O't.t1z ( 10 0 , - 3{lBl 

Dyntlrrut Range· 0 A P OuT DIGITA L 94dBI ANALOG 9411B 

Sr.g nlll -l 0-ffiJ15e Ratra: MAJN OUT 110(18 
o A POUT OfGI1A l : 'OOcJB I ANALO(, ~dB 

17-3/t6x4 X14-3tt tntMt: 
435:.: 10 1 )(360mm 

12 a. 1 b~ ts .a~g ) 

CiRCu'iTRv 
pt l"'fQ I 

f' :, I Amp 

P- M-<ot SUP, 

- OVERALl' 

J ... lL:u l Pr)w 

_" rl ..me fit 
2 tohm:a. ' 

l:'lll-IUlI'T1f 
AUX to S 

pHONO I 

1,,1 rmoa... 
,&.~z · , 

~l'Ilh.nM'lg r 

T, .....MIn.I In 

F. "~I Bane 

_ ","IPO; f ; 

j·rr 0 enJ 

·1.'1'3SU' eo n;. 
'· IA O,n.rnl 

FMTUNER 

u le$eo 

" B u>Oll 
MONO 
STEREO 

''.In.,lt. IO· N 
I.+O NO,S 

- I .. ' t!ii rmto 
t.tONOIS 

W.C(Un!lRilol 

~.~( 
IF 'f1IOOIlS! 

_AI,. SlIPPIer 

_~1t""'~ 

~ 

r· werley I 
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from a 

AX-Z1010TN 
Amplifier 

ORct.JITF.! 	 lnp ul Sc nsrtlVlty n mpe rtim::e ( 1kHZ) 
PHONO MM 4mVf47 k ohm::; 

~ II"L PHONO Me 3OO~V/470 ohms 
r'l IlJII.11Pure ·A III Opt Sup;:r-A pVWtll iunpiihf'! Wllh ~m Crlt.ul\ fUNER/AUX/CDt rAP( JOOm VlJ(h<. OI\m 

(;L MM / M C OqudllLCr wrltt El FEl s III 1.1 ."UI..1Stl~~ 

~. 
flI)WeI ~ ________ _ .. .• 	 .~:!II" & Oynanllc· power sysl.,.m rOf power llnlpl!tYlnQ st:ilgC S.gnaJ·10·NOlse Ratio ('66 IHr /78IHF) 

PH QNO MM 890018200 IREe OUT) 
PHONO Me 71 dB (250~V IflPul]f73dB (REC OUT)

100 waitt per ch.nnel. min. RlIIS, both ch.nnele driven Irno 

~EAAll CHARACTERISTICS 

Outpu t ' lU NER/AUX/COITAPf 112d[) /86dB 

8 ohma 'rom 20Hz to 2OkH~, with no more th.n 0.004% total 

harmonic dilitortion 	 . ~~-3OdB VOlume} 

-
t B (1150Hz 

1()5 w1)1!s pcl channfl!, mm RMS. mlo aO'Iml il1 I kH Z, .... uh no PHONO EQUALIZER SECTION 
I'TIt'I rC than 0 002~ ' Ictal hilrmomC duUOtlrOn 

PhOne Ovt\llOad ( 1io:H."".:,= '.:'-'M= ----::IDOmv (0 02... 10WI narfOOnlC tJl S·IOr 1,01I1----- -- ~--------
,y~rDy J"la fTTt 	 Me 7mV (0 03.. 1 01~1 harmt'lntc dlSIOt lrOn) 
ahm!lifElot'tma . ?O W,l [I1,J230 W31W ';;:35:...w;;:ii1::;"':....____2'" AIM Pnono EqualQ;"1u<)R MM to 2dB (20Hz 10 2()ld1.l' 

TOUI.., Me ±O.2d8 (2Ot1 l 10 2Jl kH l.ltit Or.iIOr hO" 

our o ()(lol 't I;I t 100 watt oUl pU1. 6 ohms 2OH.L to 2();HzAU' CIA CONVERTER SECTION0OO2-ro· .I1 IO!:! will i OIiJ lpul . 8 onms. 1kHz 

Pffi)' 'SPOOT 
 0009..,. al 100 wall oulpul. 8 0 PlInG: 2OHl Io 20kHz, SQmptlnQ r rCQue'"'- A:":'O'=C":loc"o CC'-CCl2l< . .:-:... .CC::CC- --- ococ:":':":I:7U'''S. --:-n =-- . 7 CC 48' H' 

2OdO volume TU1UI Hiilmontc DI!J lOrtJon I I kHZ) 0OO3.b 'tto 

!nUun'l' " O.sta rt"'" 	 Oyn.aml(; Rartge { l kH z. 1 98tJBo004 '"Jb al \00 wAn cutCRt I. 8 ohms 
~nal 10-N_0i-:',..<_R_" _"':-_:-__ to/aO 

1- ~ 
1I1O.1JOft oSlrrrolI c:tm 

OIOllai [n;.rul / Outpu t rormll1r1!s 
TrI)n5iCt ''1"f1'\O<IuIiiiUon Onillorll()ll 	 O~LPF 1t:- IOOk Hl ) CpnCAL - 23 ~ - 14d8m 


~r '.rI'1Ih !lH.l to 60kHZ. ( tHr oolh Chanuctl. d. l...on a ohm". 0 03'11. fClld! CO,\XIAl Q!>Vp -p' 15 Ohms 

tnrmOt1.c lL5tOttlOn)
----- 11-31161( I / h:r"" 1iI -1 '8 1IlCflrtl :> 

Frl)Qll'l!" tipOn&e 18 Ohmsl t. ,3!i '. 173 ':-459mm 
. J X,COITAPETU'" 3 / .t 11)5 116e ~rJ l 


D.",....· 10 1 r1h HIl , Qhms) 200 


RCeo. 1· ...t'l' . lm~da(lC(! 	 300mV " ~ OMI:'; 

2 OV/ l k ohlllfil (DIGITA.L) 


•MaUll' t lie AuUtO An.alyilli System 

• •CIA Oyn 1 Tr!J1 5JgOIiiI 


FX-1010TN 
Tuner 

ECTtON (IrtF) 	 Arl lenr\lJ Itpu t Im~dll.fl.C1! 

/. It 10 JdBI to 9pV, 75 ohms) 	 Oulput S~nJll~l 

S&n&ltl'Jl ly REG CAL Ol,tpul L"'E! 1 

MOM 14 BdFH , ~pV ' 15 ct\mi) 


AM TUNER SECTIONSTtn' 	 3B IuS (221IVt75 Mmi) 
~sabkj Sa,r~ ~ltV Jm..!LooP anWnna)

Slgn~ 10..; e R:l1 1O HHF-A V'/fjoqhlOO I 

M<lN' - I1F 0411 85dAI, g.1 \1I] r88d9 TCllitl H;::umonlC D1stO" IQn 0 3"" 


lOtilh . Dt:l!ltOttlQ" t tto.H.: 
t. 	 " "EO tl 009% !O.02-ttb Iw tO( / 

Sc!'IC-CIIVIIY.:;I :.. Dk_H' c..' --" o~n-----------'.::. .: ______ 3,,~c:...:.
Gop", 	 12dB IRlagu RespOnr.e RJi lJll ......, Ll 

So '" 250!! 1\·110£10_ (!YARRO 
 If Response R.a.l fO 6O<IB 

.. Rest< 'iiiUI.1 " 1100\3 


1/- 3/ 16).3-15 .16 X: 1I 1 14 tm;M'S 
..)n Ra tiO 18 	 ..a3S "< l OO '<298wm~ 
I tlllln t' IIHzt OOOUIWIOE , 	 82 !bs tJ 7kg )~ 

r twq!tefl > ",""", 	 20HZ - lSI<Hl ( f 0 3. - 05dB) 

TD-V1010TN 
Cassette Deck 

t fll:qltQf ··.ponse Dtsc. c lo 3-tLOid conhguraltofi . line il.I'nOlphous Md' lor lecordtng 
AI .. ;)nd playboD. 


M .'/1 Itl 22.000Hl 
 TwO~ap jcm! head 

"~ 2() 000<-< , 3oJB, PulBe Sor1/O Ilr(Oct-dll'ffl molOi 
10 20.000", D(; mol0r>f 2. 
~I~l - '8 00Qti7. i3dB I 


-ripe Ul 2O.000Hl 


-=-______--",..'5~' 8.000<-<l t :lO~ 

~~I wt! RaIK) tuBe u .fOlJUI 

JOOmv 6OO nh.fl'Ii 


~~ . Ii0 r ~ O~"'" iWR~, I S I 
 0- 1mVNa G.hms IM!lIlCtwlo Imoooaflcc 8 - 10,.: OOfl1Si 
~ .. "'. 17-311 6 <5.·1H I6X 3 It~ IncheS 

ChiUlntl.. 43Sx l <10)(3J6,ml'n...."'" I "~! lH;;;o; 
22 7 Ib$ ( 1() 3krll 

T.... ''''h~Hll 10'li, (MoIIII 
KJ IIh H t) US"'" (MOltll).""'-'. "'Ilri level. wo .g' ·ttl tl. '''lithOul NR TM S I N is unpt'6vUd by .aOOu t lSd8 at 500Hl And by abOt.J I 20dA Ilbo... i ! 1kHZ With Dolby- N~ Of! , 1lf1<1 by 5<18 ,!I lkPZ aM by loee nove 5kHz wtl h ANRS/Dolby-O NA on 

SX-911WD,"II 

Speaker System 
~· 3.m a~ ~u,--.""	 ,~-~o-------------------. ------------------------y-.---us-,,---~p"---------------------------------na--	 -ohm'---------------------------------

Spejlte, -.~~-~ 91dBrW -----
'1.t))4f\ ' ~18II'rY~n~lUS_l__ 
T_ _ ,10 5O.OOOt1.z......,P 

SOOHI _ 4kHl. 

""-	 1!JQy.'IIlIS 15.<26 ·3116'- 13-718 ."ches 
~no w:l11S ( I, IJ:lt"':) 	 380 ...:S65x35I m m 

W-nt 62a los (2 5111~l 
----- .----------------------------------------~=-~~------------~~~~~------------------
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JVC COMPANY OF AMERICA 
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