
It is sometimes surprising to discover that two amplifiers 
sound much more different than their specs would lead one 
to believe. And after working hard to improve one aspect of 
an amplifier's performance, it is disappointing to hear no 
significant improvement in sound quality. Obviously better 
analysis techniques are needed; we must find a more accurate 
way of revealing the sources of amplifier performance 
problems so that we can come up with amps that come closer 
to the ideal. 
Sound quality is not determined by the flatness of frequency 
response alone. Nor will merely minimizing distortion result 
in optimum performance. Rather, it is the combination of 
all performance factors that finally determine sound quality. 
If we are going to make any significant progress in amplifier 
design, it is important to seek out each of these factors and 
grasp their overall relationships in a coherent way. Ampli
tude vs. frequency, output vs. distortion, noise characteristics, 
power bandwidth, phase characteristics, and the like are all 
conventional ways of looking at data concerned with amp 
performance. The problem is that while any one of these is 
certainly useful, it cannot amount to more than a section of 
the total picture. 
It is very hard to grasp the sum total of an amp's performance 
characteristics even if one investigates a great amount of such 
data. The only alternative for a coherent picture is human 
hearing, which is why listening tests are an extremely 
important part of building amplifiers. Unfortunately, it is 
very hard to convert the results of such tests into hard 
scientific data. The human brain does not have the necessary 
analytical or memory capability. Such factors as the passage 
of time, the number of people in the sample, and the listening 
room all affect the reliability of the test results. Until now 
there has been little luck among those who have tried to come 
up with test methods that would consistently agree with and 
support the results of human listening tests. At Technics, we 
are happy to announce some significant developments in this 
area. In the following explanation we will introduce two new 
methods of analyzing amplifier performance. 
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A coherent and broad way of expressing overall amplifier 
characteristics is necessary if we want an objective, scientific 
grasp of total performance. This method of expression should 
have a significant relationship with subjective sound quality. 
3DA is a method of analyzing sound quality and performance 
characteristics based on a three dimensional representation of 
the relationships between the three most important measur
able factors significantly related to perceived sound quality 
in amplifiers. As rhythm, melody, and harmony are the three 
elements of music, we can say that the three most important 
factors affecting amplifier sound quality are distortion, 
frequency response, and dynamic characteristics (in broad 

terms including phase, noise, and output in the definition of 
each). The aim is for flat frequency response, low distortion, 
and wide dynamic range (meaning high S/N ratio with high 
power capability). 
A major problem in amplifier design has been that decisions 
have been based on a 2-dimensional analysis of problems. 
The amplifier designer must work with graphs having a vertical 
and horizontal axis on which are plotted the results of tests 
concerned with the relationship between only two factors at 
a time, A coherent^ integrated view of the situation is not 
easy. 

Photo 1. 3DA automatic measurement system with block diagram. 



At Technics, we decided that things would be much easier 
if we could convert such flat graphs into a 3-dimensional 
representation covering the complete relationships between 
the major factors contributing to amplifier performance. 
Conventional measurement of distortion is an analog tech
nique in which the fundamental is filtered out and the remain
ing components are compared with the original waveform. 
Since it is hard to analyse the distortion components, and 
noise and hum are included in the resulsts, figures obtained 
by this method have a rather shallow relationship with sound 
quality. We have greatly improved on this approach by 

employing digital techniques with a spectrum analyzer and 
computer to analyse the results obtained from 4000 test 
points. With this system we are able to separate noise and hum 
from the output waveform and analyse each of the upper 
harmonic distortion components (2nd, 3rd, 4th, ) with a very 
high degree of precision. Photo 1 shows this 3DA automatic 
measurement system. 
As you can see in figure 1, a 3-dimensional graph is formed 
with output and frequency on the X and Y axes while distor
tion is on the Z axis. This provides an extremely precise view 
of the overall distortion characteristics of an amplifier* 

Fig»Jfe 3-dimensional analysis. 

3 



Differences between 2-dimensional and 
3-dImeiisional representations 

To better understand 3DA, it may help to examine some of 
the differences between 2-dimensional and 3-dimensional 
representations. In figure 2 you will see an example of third 
angle projection, a method widely used for technical drawings 
of solid bodies. Even for people with much experience with 
this method, it is still quite difficult to form an overall picture 
in one's mind from these front, top, and side views of the 
object. The same object is much easier to understand when 
portrayed in the 3-dimensional manner shown in figure 3. In 
the same way, 3DA lets you get an overall grasp of amplifier 
performance characteristics at a single glance. As shown in 
figure 4, you can use 3DA to obtain conventional two dimen
sional data also. For example if you take (B) as your output 
reference, you could check the relationship between distortion 
and frequency in a 2-dimensional manner. You can do likewise 
for frequency or distortion by using cross-section (A) or (C) 
as the reference. 
The fact that you can obtain both an overall view and a 
conventional 2-dimensional partial view from 3DA is a big 
advantage, not to be overlooked. 
By using 3DA we can see that the reason why two amps may 
sound different despite similar specs, is simply because the 
specifications or graphs are merely 2-dimensional cross 
sections. We would have to look at an awful lot of conven-
tional data in order to get the kind of overall view possible 
with 3DA. The reason why two amps have different sound 
quality Is because their overall performance characteristics 
are different; such differences can be clearly seen by a single 
look at a 3DA diagram. 

Fig. S. Third-angle projection of soiii body. 

Fig. I . 3-D diagram of i>ody in figure 2. 
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Human perception and actual characteristics 

As mentioned above, one cannot do without listening tests 
when designing and building amplifiers. In the pursuit of 
sound quality, it is of great importance to understand both 
the nature of perception and as much as possible about actual 
characteristics which may affect it, since hearing is one of our 
senses. 
Figure 5-1 shows the famous Muller-Lyer optical illusion. In 
spite of the fact that the two vertical lines are the same length, 
they look different. In this way, even vision, supposedly the 
most accurate of our senses, can be easily deceived due to the 
conditions under which something is perceived. Much the same 
is true of human hearing. For example, one's judgement of 
sound quality would be greatly affected if in the one case one 
performed a listening test while very tired or in the other if 
one were very alert and at ease. 
If, however, one has a scientific overall grasp of the overall 
characteristics of the amp being tested, one could estimate the 
extent that such psychological or physical factors are influenc
ing one's judgement. This would allow the possibility of 
scientifically correcting for unstable factors. A listening test 
improved in this way would certainly be a help in building 
amps with better sound quality. 
As a method of analysis that strengthens the connection 
between listening test results and amplifier characteristics, 
3DA is a first step toward a stricter new standard of amplifier 
judgement. 

Can yon understand the whole from measurement of a part? 

Fig« 1-1. The Miiller-Lyer Illusion, 
(Which vertical line looks longer?) 

Fig* $-2. Are the two horizontal lines straight? 

Fig. 1-3. Are the two horizontal lines straight? 
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Using 3D A In the pursuit of sound quality and performance 

Next we will examine 3DA 3-dimensional data for some actual 
amplifiers. Figures 6 and 7 are 3DA system results for two 
integrated amplifiers having different kinds of circuitry. In 
both cases the tuner terminals are used for the input, and the 
test results are taken from the speaker terminals so that both 
preamp and power amp sections are being tested. 
The characteristics of these two amps look a lot alike if one 
looks at the conventional output vs. distortion data obtained 
at 1kHz, but with 3DA data, the differences become quite 
clear. In these 3-dimensional graphs, one of the bottom axes 
is output (O.2W-20OW), the other is frequency (10Hz-
100kHz) and the vertical axis is distortion (Q.Q001%-0.f %). 
Amp A shown in figure 6 is smooth in overall shape with 
low distortion over both a wide power and frequency range. 
Amp B in figure 7 shows a rough low range (residual power 
supply hum) and a rise in distortion at high output as frequen
cy gets higher (which may be due to output transistor switch
ing distortion or the influence of electromagnetic induction 
from the DC power supply output leads of the power amp 
section of the amplifier). 

The 3DA approach has no parallel anywhere; it is an epoch 
making original developed by Technics. It permits one to 
pursue low distortion, flat frequency response, and wide 
dynamic range in a 3-dimensional way, and thereby obtain 
better overall performance for significant improvement of 
sound quality. It also makes possible the concept of a s4free 
music plane" covering the entire area where audio reproduction 
is kept within the minimum distortion standard of 0.01%. In 
other words, the free music plane is made up of the parts of 
the 3DA graph where frequency and output are accompanied 
by no more than 0.01% distortion. Therefore, if we were to 
produce 3DA data for an ideal amplifier, it would look like 
figure 8. 
In this way, amplifier quality can be determined by the wide* 
ness of this plane. Instead of blindly pursuing performance 
at single points, 3DA permits one to go after total perform* 
ance and sound quality by providing an overall, coherent 
view of total characteristics. 

Fig, #. 3DA characteristics of amp A* 
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Fig, f . 3DA characteristics of amp B. 

Fig, §. 3DA characteristics of the ideal amplifier. 
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Dynamic characteristics and the importance of static characteristics 

If one looks at 3DA data in another way, one can see it as 
the formation of a 3-dimensional graph by means of the addi
tion of a frequency axis to a large number of conventional 
static characteristic data compiled for output vs. distortion at 
various frequencies. This raises the question of the relevance 
of this approach to sound quality which is thought to be a 
matter of dynamic or transient characteristics. 
These days, one hears much talk of slewing rate, rise time, 
TIM, and other factors involved in transient handling ability 
of amplifiers. 
To build a high-speed amp with a fast rise time, one aims to 
extend high frequency response. The problem with this kind 
of approach is that while it may very well contribute to an 
improvement in sound quality, when one goes after just a 
single item, one can too easily lose sight of other factors 
which may result in decreased fidelity in some other area. 
With this in mind, it seems relevent to examine the connection 
between such transient characteristics and their corresponding 
static characteristics. 

Slewing Rate 
If one considers this factor to be a numerical indication 
(V/jus) of how high frequency a signal can be faithfully repro
duced at high output and low distortion, one can see that 

slewing rate corresponds, as is, to conventional so-called 
"static" data for maximum output vs. frequency response at 
a fixed level of distortion (1% for example). You can see this 
at a glance in the 3DA data for the amplifier shown in figure 
9. For an amplifier with a high slewing rate, maximum output 
would extend as shown by the dotted line. 

Rise time 
This is a matter of how fast the amp can respond to an input 
signal with a fast attack time, Such a signal has many high 
frequency components; the faster the rise time, the more high 
frequency signals make up the input signal in question. There
fore, an amplifier needs good high frequency response in order 
to exhibit a fast rise time, It follows, theoretically, that by 
extending frequency response, which represents a static 
characteristic, one can obtain a faster rise time. 

TIM (Transient Intermodulation) 
When a square wave or similar waveform having many high 
frequency components is used as the input, if the signal to be 
fed back has too high a high frequency signal level, part of the 
signal will be clipped and a feedback defeating phenomenon 
will occur. This means that it is possible to find out whether 
an amp will generate TIM by investigating the relationship 
between what is conventionally considered the amp's frequen-

Fig. 9. 3D A characteristics of a low slewing rate amp. 
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cy response and what changes occur to which frequencies at 
maximum output (the clipping point). 
As described above, we can improve performance by studying 
and controlling the interrelationships between the so-called 
static characteristics of distortion, dynamic range, and fre
quency response. 
In short, we cannot do without thorough improvement of 
static characteristics if we want better sound quality. (How
ever, one prerequisite for this is that the power supply cir
cuitry must be stabilized so that when there is a large transient 
input, the operational points of each of the amplification 
stages will not be upset.) Once again, the important point is 
that we must have an accurate way of looking at many static 
characteristics at the same time, rather than paying attention 
to only a single item. Since 3DA allows us to analyse the three 
impoitant factors affecting sound quality in a more com
prehensive and more accurate manner, it can be of great help 
in the improvement of not only static characteristics but 
dynamic transient characteristics as well. Furthermore, it can 
aid us by preventing us from losing sight of overall performance 
even if we must work on improving single aspects of perform
ance at a time. 
Figure 10,11 and 12 show 3DA results for several amplifiers. 
These are presented for your reference. 

Fig* 10. 3DA results for circuit with high overall distortion level. 
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Fig. 11. 3D A results for circuit with high output idling current. 

Fig* 12. 3IM results for amp with high midrange NF. 

10 



i 



Technics* 3-dimensional analysis is an advanced method 
of comprehensively correlating output power, distortion, 
and frequency, the three basic factors that determine an 
amplifier's basic performance. A computer is used to 
draw a 3-dimensional graphic profile of the relationships 
between these factors to enable quick and easy judge
ment of overall performance characteristics. 
Although output, distortion, and frequency interrelation
ships are commonly categorized as static characteristics* 
3DA is so accurate and comprehensive that upon close 
examination it also reveals an amplifier's transient 
characteristics, including TIM, slewing rate, and rise 
time. The following material should make clear, in the 
light of 3DA, how the complex questions of transient 
performance can be answered by means of a more 
thorough understanding of static characteristics. 
The validity of using 3DA to understand transient per
formance is supported by Fourier's theorem which states 
that any complex waveform can be broken down into a 
infinite number of sine waves. 
The Fourier transform clearly shows the connection 
between information charted on a time axis and on a 
frequency axis. By means of this approach, one can see 
that what at first seems a very complicated music signal 
is in fact entirely composed of a number of pure sine 
waves. 

In this context, consider the cliche about "a straight wire 
with gain". Such an ideal amp would only amplify the 
level of each of the original sine wave components; it 
would neither remove, nor add new frequencies. If we 
were to attenuate the output of our ideal amp by an 
amount equal to its gain, and then compare it to the in
put signal, there would be no difference in amplitude at 
any frequency. This I/O (input/output) comparison 
method is shown in the diagram below. Unfor
tunately, I/O comparison will reveal a difference in a 
real amp. The output components that make up this dif
ference are called distortion. 

Residual distortion 
(Distortion revealed by I/O 
comparison) 

* Caused by non-linear amp performace 

Non-clipping distortion— Caused by circuit components or circuit 
non-linearity. 

Clipping distortion— 

* Caused by differences in the amp's 
frequency response. 

* Noise produced within the amp. 

( Power supply voltage clipping in the 
low frequency range. 

High range clipping which 
arises within the circuitry* 

This is what is conventionally explained 
in terms of transient 
characteristics, jncluding slewing rate 
and TIM. 
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Rise time 

A definition: 
When a step input (Fig, 1 a) is applied to an amp's signal 
path circuitry, the output waveform can be viewed in 
the context of Fig. 1 c. "Rise time" is the time it takes 
for the output signal level to increase in amplitude from 
10% to 90% of its peak value. 
If the amp's transmission characteristics and the input 
signal content are known, one can use complex 
mathematical computations (involving integral-
differential equations) to obtain the waveform by solving 
for /, from which we can derive the rise time. 
To avoid this difficult procedure, it is much more com
mon to just use visual observation of the waveform. A 
much simpler algebraic alternative for finding time 
response is to use the Laplace transform, which by
passes step-by-step calculation of differential equations. 
By using the Laplace transform on the input waveform 
and transmission characteristics, this mathematical 
substitution method converts a time domain 
phenomenon into an algebraic equation (as multiplica-
tion becomes addition in logarithmic computation) in the 
complex frequency domain (a function F(s) in the com

plex domain); after solving this equation, the inverse 
Laplace transform returns the result to the time (real) 
domain, thus allowing one to find the rise time. 

1. Rise time in an amp having -6dB attenuation in the 
high range. 

Given a -6dB/oct, attenuation from the cutoff frequen
cy (fu), since the Fig. I input signal, ei(t) is a step func
tion, we get <& [Ci(t)]=Ei(s)= ^ ; and since the 
transmission characteristics are described as -6dB/oct, 

A at frequencies above fH, T(ja>)= ——_-—-
jw+2?rfH * 

we get & rr(jaO]=T(s)=—j^-?-
s+2?rtH 

Consequently, the output signal e0(t) becomes 
^[e0(t)]-E0(s)=E,(s)xT(s) 

and the result is obtained as the product of the Laplace 
transform of the input signal and transmission 
characteristics. 
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signal conditions. 

1) Like rise time, slew rate is a factor that describes 
amplifier response for step input. While rise time ex
presses response for a step input when the amplifier is 
operated within its linear region, slew rate is measured 
by increasing the signal level (Fig. 2c) until the leading 
edge of the output signal reaches the maximum in
clination obtainable; this is expressed in V/pis. This 
means that a slew rate evaluation of response for a 
step input includes performance in the amplifier's 
nonlinear region of operation. Therefore, slew rate is 
related to an amp's clipping level. 

2) This brings us to the matter of frequency response at 
the clipping level (or at a certain, set distortion level), 
taking as our example an amp in which the maximum 
output voltage decreases with frequency (Fig. 3), the 
shaded area in the diagram on the left covers the 
region of nonlinear operation, in which clipping 
prevents the amp from being able to reproduce the 
signal properly. This response can be expressed as: 

A y 

T (in})— ^m&x ... 

Therefore, an undistorted output waveform for the 
step input can be expressed with the same formula as 
(I) above: 

eo(t)=Ama3l(l-e-»'^) 

Viewed in the time domain (Fig, 4), the shaded portion 

of the graph indicates amplifier operation in the 
nonlinear region, which is to say, the region in which the 
signal distorts. Since slew rate expresses the maximum 
inclination at this point, it can be found by differen
tiating e0(t)=Am&x(l— e-**^) and seeking the 
maximum value. 

e0(t)=Amax(l -e-*' .»), _ ^ . = A m a x . 2 ^ f c e-*rfct 

[ " T I " P T T H =Mc-Amas=sleWrate|....(4) 
L at Jmas L at Jt-o L _L „ 1 
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Using the inverse Laplace transform on Eo(s), we get 
e0(l)=A(l^e™2^). ......(1) 

From this, if we pursue t, and t2 for the times at 10% 
and 90% amplitude, we get: 

OJA=A(t-e-~2*f"fc0^ 2*fHti=-In 0.9 

03A^A(l-Q-^r^)~~> 27rfHt2=—In 0.1 

Consequently, rise time tr is given by the formula (2): 

• _ • • _ In0.9-ln0.1 ^ 0.35 n . 
tr-—l2—-ti—- - —x—f - r -Tr \*) 

This shows that the higher the amp's cutoff frequency 
(refering to high-range frequency response, fH is the fre
quency point having ~-3dJ3 amplitude compared with the 
midrange), the shorter the rise time. 
For example, if the -3dB cutoff frequency is 100kHz, 
tr = 3.5 /is. For f MHz, tr = 0.35 /*s. 
Since this makes clear the direct correspondence between 
rise time and frequency response, the question arises as 
to the need for an extremely short rise time, per se$ for 
faithful reproduction of the audio frequency range. 

2. Else time in an amp with a frequency response having 
-12dB/oct, attenuation in the high range. 

In this case a quadratic equation for frequency response 
is used for the transmission characteristic T(jw)8 

A 

Therefore 
A 

T(s)= jze 
SS + ^ S + ^fH) 2 

Therefore ^ 
E0(s)=-L x _ _ A _ _ 

s s 2 + i ^ s+(2^fH)2 

Note: The -12dB/oct, 
transmission characteristic 
can be found if fn and Q are 
known. If we then use 
the Laplace transform to 
compute the response to the 
step function in the time 
domain, we obtain: 

In this way, the output waveform is principally deter
mined by the transmission characteristics (the cutoff fre» 
quency fw and the value of Q at that point). For exam-
pie, if we seek the rise time for Q = 0.5 in the equation 
(3) above, we can compute the solution by seeking U and 
t2 which are eo(ti) = 0.1 A and Co(t2) = 0.9A* Thus we 

t r = t 1 - t l % - ? ^ l (Q=0,5) 

Likewise, for Q = 0J 
t r = = t i^ t i %_0|42__ ( Q = = 0 J ) 

Note: Ordinarily, there is just a change in the constant 
when Q changes. When Q'becomes larger, the constant 
becomes smaller. 

3. Some conclusions about rise time. 
We come to the following conclusions after considering 
rise time in the light of the above calculations: 
1) Rise time indicates how far an amp's high range fre

quency response extends. The higher the response, the 
shorter the rise time. 

2) Rise time is not a factor which indicates an amp's 
transient characteristics; rather, it exactly corresponds 
with conventional amplitude frequency response, 
which is to say that rise time expresses static 
characteristics. 

3) This means that the advertising appeals based on fast 
rise time specifications (of 0.5 pis, 0.75 pts, etc.) for 
4"high speed amps" have no significance and in fact 
mean nothing more than extended frequency response 
(up to around 700kHz, 470kHz, etc.). 

4) An amp's reproduction capability within the 20 ~ 
20,000 Hz audio band is important for sound quality* 
There remains some doubt about the viability of 
merely extending high range frequency response as a 
means of pursueing superior amplifier performance. 

5) While a fast rise time may be one sign of a good 
amplifier as such, when it comes to the demands 
made on an audio amp, reckless pursuit of faster rise 
times may be nonsensical. (Extended high range fre
quency response also makes the amplifier more sen
sitive to RF interference and spurious noise in
terference from electrical appliance switches, which 
could cause shock noise.) 

!fQ<0.5 

A Jl— y r — sinh (2fffHy 4QT-1 t + t a n h - * 2 Q y ~ ^ - l U 

IfQ=0.5 

A {l-(l+2^fHt)e-2*fH'} (3) 

If Q>0.5 

A S - 7=^=7= Sln \2jtfH^1 ~ 4Q^' t+tan"12QV 1 ~ 4QTJ \ 

4 



In this way, it is possible to compute the slew rate from 
the frequency response at the clipping level if one knows 
A max and fc. This means that slew rate is just another 
way of talking about the data in a graph of an amp's 
frequency response at the clipping point; it just changes 
the terminology into V/jiS to refer to the maximum in
clination that can be reproduced for a stepped input. 
Sine waves can be used to measure clipping level fre
quency response and, since clipping can be measured as 
harmonic distortion, one can easily understand the 
phenomenon from specifications expressing (max.) 
power vs. frequency response at a set distortion level 
(power bandwidth). 
Slew rate has become a major audio topic because it 
supposedly indicates an amp's transient characteristics, 
but under this kind of careful scrutiny, slew rate turns 
out to be the same thing as frequency response at the 
clipping level, a matter quite sufficiently expressed by 
conventional static measurement data using sine waves. 
Both the broken line waveform in Fig. 4 and the for
mula (4) clearly show that the amp having extended high 
range frequency response at the clipping level (broken 
line in Fig. 3) will have a higher slew rate. 
3) In this connection, let us seek the slew rate necessary 
for undistorted reproduction of a 50W/8Q, 100kHz 
waveform* 

Since a 50W/8Q, 100kHz signal is a 20VRMS/8Q, 100kHz 
signal, it can be expressed as 
e(t)=V 2 x 20 \ sin (2*r x 100 X l03t) [V]. 
The maximum inclination of this signal can 
be found by seeking the maximum 

Some conclusions about slew rate, 
1. Slew rate is equivalent to frequency response at clipp

ing level. 
2. The further the frequency response extends into the 

high range at clipping level, and the greater the max
imum output, the higher the slew rate will be. 

3. Although slew rate is often considered as a special 
factor describing transient characteristics, there is no 
basis for this claim. Slew rate is exactly the same 
thing as viewing output level vs. frequency within the 
amp's nonlinear operating region or clipping level, 
which may also be considered as a set level of har
monic distortion. 

4. While some amp manufacturers are claiming superior 
performance on the»basis of such large slew rates as 
170V/|is or 200V/pis, if we assume the amp is 
100W/8Q, this would necessarily mean that it could 
produce a 100W output from 670kHz to 800kHz, but 
if we try to test for this performance, smoke will pour 
from the amp and it will not operate normally. The 
fact is that it cannot deliver 100W in the 670kHz ~ 
800kHz range. All these slew rates really indicate is 
that the manufacturer's amp's output waveform for a 
step input has a maximum inclination with which the 
listed slew rate is made to correspond. The idea that 
this approach has anything to do with the pursuit of 
high fidelity reproduction within the 20 ~ 20,000Hz 
audio frequency range seems highly dubious* 

value for ~ - ^ § ^ at 

.-. f d ^ P 1 = r ^ W . l =VYx20 x2nx 100x 103[V/s] % 1.78X 107[V/s]= 17.8[V/jisJ -S.R. 
L dt Jmax L dt Jt*-o 

Which is to say that if the amp has a slew rate of 
17,8V/jus or more, it will be able to reproduce the above 
input signal. In the same way, a slew rate of at least 
25.2V/|is is sufficient to reproduce a 100W/8Q, 100kHz 
input signal. 
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I/O Distortion Analysis 
Input-output transfer distortion) 
A great deal of useful information can be obtained by using 
3DA data to examine amplifier performance via it's overall 
static characteristics. However, it goes without saying that one 
can object to this approach on the grounds that it does not 
actually go beyond static characteristics, (even if it is possible 
to analyse transient phenomena in static terms). Therefore 
we need some way of proving that an amp with good overall 
static characteristics will exhibit good dynamic transient 
characteristics as well. 
This means that we need a different measurement method 
so that we can verify actual amplifier operation when using 
a music signal as the input. It certainly would not hurt if we 
were to examine actual operation with a musical input in order 
to confirm an amp's sound quality and performance character
istics. For this purpose Technics has developed an I/O distor
tion analyzer that allows real-time analysis of distortion 

components, and which uses a musical signal as the input. 
Such analysis obviously includes the true dynamic character
istics of an amplifier. 
In this method, the degree to which the input and output 
waveforms resemble each other is investigated, thus allowing 
us to directly view distortion or frequency response problems 
occuring within the amplifier. No longer is it necessary to use 
a sine wave input to be able to compare the input and output 
waveforms. With this method one can examine the degree of 
similarity even with a complex musical signal. Figure 13 
shows the operational principle of tjiis system. 
If, for example, an amp generates TIM distortion, you will 
be able to see this by looking at the I/O distortion meter. 
Furthermore, you can listen to just the sound of the TIM 
distortion, 

Fig* H* I/O (Input/output) distortion measurement system* 

11 



I/O Distortion Analyzer 

Figure 14 shows a block diagram of the I/O distortion 
analy/er. At the amp's output side, an attenuator reduces the 
level to that of the input level; at the input side is a correction 
circuit for the amp's frequency response; both these signals are 
fed to the subtracter circuit. In this respect, while it is true 
that the accuracy of I/O distortion measurement is determined 
by the performance of the subtracter, this in turn depends on 
the subtracter's CMRR (common mode rejection ratio) 
characteristics which are as shown in figure 15. This level of 
performance corresponds with that of conventional distortion 
meters with T.H.D. at about 0.001%. 

Fig. It. I/O distortion analyzer with block diagram. 

The frequency response correction circuit in the input is 
provided to prevent errors due to change in waveform shape 
caused by the amplifier's frequency response. For example, if 
the amp's frequency response shows a dip in the high range, 
square wave reproduction will exhibit a rounded leading edge. 
If the output waveform and input waveform were reduced to 
the same level and subtracted, this difference in the leading 
edge would show up as I/O distortion. This k represented in 
figure 16. Such I/O distortion is merely a result of frequency 
response, it is not really dynamic distortion such as TIM, or 
even T.H.D. This is why it is necessary to correct phase and 
frequency response. A low-pass filter with variable C and R 
components forms the phase correction circuit used to make 
the subtracter input match the frequency-response-caused 
phase characteristics of the amplifier* Of course, phase 
correction is unnecessary if frequency response differences are 
to be included in I/O distortion measurements. On the other 
hand, phase correction circuitry is quite important for the 
measurement of TIM or T.H.D. 

Fig. Ill, I/O distortion caused by the amp's 
frequency response. 
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Fig. 0 . Measurement limits of I/O distortion analyzer. 



Examples of I/O distortion measurement 

Photo 2 shows 1/0 distortion results for a good amp using a 
music signal as the input. From the top down are shown the 
input waveform, the output waveform, and the I/O distortion 
waveform. The I/O distortion meter scale is graduated in 0.1% 
(peak to peak) increments. Therefore, the distortion generated 
by this amp is extremely low, especially when one considers 
the fact that these results were obtained with a true transient 
input consisting of a music signal having a very random 
waveform. 
Photo 3 shows the results obtained from an amp known to 
have much third harmonic distortion as revealed by 3DA data* 
Looking at the I/O results, one can see the generation of 
distortion components not exhibited in Photo 2. The most 
pronounced distortion is evident during the rising edge of the 
signal. When one listens to the distortion signal alone, it 
sounds very dirty and muddy. 
One can see in the photo that the input and output waveforms 
resemble each other quite closely, but thanks to the I/O 
distortion meter one can discover just how much distortion is 
really being generated. 
This unique method allows us to check how close amp 
performance comes to our waveform fidelity ideal of amplifi
cation without either adding to or taking away from the input 
waveform, even when that input is a complex musical signal. 
The closer the I/O meter distortion output comes to "0", 
the greater the waveform fidelity of the amplifier. Perhaps 
it would not be going too far to say that you<pould express 
everything about an amplifier by listing specifications for only 
I/O distortion and maximum output* 

Conclusion 

Using the I/O distortion analyzer, a unique new measurement 
method, Technics has proved that an amp having good overall 
static characteristics, as represented by a wide "free music 
plane"" through 3DA analysis, will also exhibit outstanding 
performance during actual operation when a music signal is 
used as the input, 
In the future this approach should find wide application not 
merely with amplifiers, but at every step of the recording and 
reproduction chain. It would help even more if we could apply 
such test methods to each and every component and part used 
in audio equipment. In the mean time, using these new scienti
fic "eyes and ears'* we will continue in our efforts to build 
amplifiers with both superior specifications and audibly better 
sound quality. 

13 Printed in Japan. 


