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Audio entertainment products have made tremendous 
advances since the days of the "Victrola". Continuous 
technical advances in components and circuit design 
have taken us closer to "concert hall" sound quality in 
the home. The consumer has come to expect high qual
ity audio products and is continuously searching for 
sound reproduction systems with greater fidelity. The 
quest for fidelity will go on because for each improve
ment in fidelity, the ear is still capable of hearing much 
more. It is no longer possible to market a product which 
merely reproduces sound. The product must meet rigid 
specifications of frequency response, signal to noise. 
ratio, channel separation, low distortion, etc., as well 
as be attractive and reliable. Subjective judgment can, 
in many cases, be an excellent means of quality classi
fication and will always influence the final decision of 
the buyer. However, when questions are raised con
cerning development, production testing, quality assur
ance, and documentation of a product's capabilities, 
objective measurements must be made. There is a variety 
of methods and equipment available to aid in the5e 
measurements. A simple measurement system might 
consist of an oscillator, ac voltmeter, and notch filter. 
This system is uncomplicated and inexpensive. How
ever, it is limited in its usefulness since numerous dis
crete frequency measurements must be made to insure 
adequate testing. Using this system is tedious, lime con
suming, and does not allow in-depth signal analysis. 
At the other extreme are the real-time analyzers. These 
instruments allow fast measurements and are quite use
ful for signal analysis due to their ability to measure 
entire bands of frequencies simultaneously. They are, 
however, somewhat difficult to use and are quite 
expensive. 

The HP Model 3580A Spectrum Analyzer and Model 
3581A Wave Analyzer combine some of the beller 
features of both of these measurement systems. They are 
less expensive and easier to use than real-time analyzers 
while still providing detailed signal analysis for greater 
measurement accuracy and to aid in problem solving. 
Since they can make swept response measurements, 
they are faster than the simple oscillator, voltmeter 
system. 
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Distortion 
When a device is driven beyond its linear range or 
through areas of discontinuity, signal distortion occurs, 
resulting in the appearance of additional frequencies at 
the output which are not present at lhe input. (See Figure 
" Page 3 J. In extreme cases, il is possible 10 identify 
distortion by merely listening. Third order distortion 
becomes audible at about 1.25%. Second order distor
tion becomes audible at 5%. In general, systems wilh 
higher frequency response need lower distortion levels 
to be acceptable. More commonly, however, distortion 
is not immediately obvious. Distortion might appear as 
a difference in tonal quality when comparing two sys
tems. For these cases, a more sophisticated technique 
is needed to idenlify and measure distortion. The HP 
Model 3580A Spectrum Analyzer and Model 3581 A 
Wave Analyzer are quite useful for exposing distortion 
due to their ability to separate frequency components 
of the distorted signal for analysis. 

Basically,' distortion is characterized in IwO ways, 
harmonic distortion and intermodulation distortion. 
While there is no correlation between measurement 
values when using these two methods, each produces 
quantitative results of a product's quality. The motive 
behind these different measurements is simplicity. 
Rather than specify the separate amplitudes of each har
monic, they are mathematically manipulated 10 give a 
single number which is much easier to understand. 
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Figure 1. For sine wave inputs, there are three ways that 

give rise to distortion. The different distortion measure· 

ments are designed to expose these effects in different ways. 



Harmonic Distortion 
Harmonic distortion is a measure of the individual 
harmonic amplitudes, relative to the amplitude of the 
fundamental frequency. By this definition, the ampli
tudes of all harmonic frequencies should be used ior the 
calculation. But, harmonics 20 dB below the highest 
harmonic can be ignored because their contribution is 
negligible. In actual practice, harmonics greater than 
the third are relatively small and can usually be ignored. 
THD is defined by the following equation: 

THD% = 100 JAIl + A} + Ai + 

where Ah is the amplitude of the individual harmonics 
and A; is the amplitude of the fundamental. To help you 
calculate distortion from the analyzer display, Figure 2 
presents three algorithms using popular HP calculators. 

The Model 3580A or Model 3581A can be tuned to 
measure the amplitude of individual harmonics as well 
as the fundamental. 
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To measure harmonic distortion, the device under test 
is usualJy driven at its maximum ratings to produce 
"worst case" distortion. The device is driven by a low 
distortion oscillator which should have a distortion 
figure beller than the unit to be tested. Distortion of the 
device can be measured even if the oscillator has almost 
equal distortion but cumbersome corrections have to be 
made. Another alternative is 10 use a fixed low pass filter 
to remove distortion products from the oscillator. For 
amplifiers, the output of th� unit being tested is con
nected to the inpuI of the Model 3580A or Model 3581A. 
(See Figure 3 ) 

Overall harmonic distortion of tape recorders can be 
measured by recording the test signal on tape and then 
measuring the output of the recorded signal as the tape 
is played back. On "three head" recorders, this can be 
done in one pass. (See Figure 4.) Record and playback 
distortion can be separated by using a standard test tape 
to measure playback distortion. Distortion of the record 
amplifier can then be found by finding the difference 
between the overall distortion and playback distortion 
measurements. 

MOOl!. IS 

� 
(IlIID 

13 
El@) 

MOOU ., 

� 
aaf 
Oli!l Il3 

[l)mII!I 
I!I 

%0. ....... . 
__ Ioo' ... IIlI,., 

Figure 2. Three harmonic distortion algorilhims using HP calculators. 
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Figure 3. Measurement results show total harmonic di5tor· 

tion to be greater than 63 dB below the fundamental. 

Speaker distortion can be measured with the addition 
of a standard amplifier and microphone as shown in 

Figure S 

Because oflhe wide dynamic range of the models 3S80A 
and 3581A, distortion as low as -80 dB (0.01%) can 
easily be measured. The dynamic range of the instru
ments is responsible for this limitation. The capability 
can be extended to -100 dB or 0.001% if the funda
mental "Hone can be attenuated by at least 20 dB. This 
can be done for fixed fre que ncies wilh a notch or high 
pass filter. These filters must be built with passive com
ponents 10 guarantee that the dynamic range and noise 
of the filter are no worse than those of the instrument. 
The highest frequency which can be measured is limited 
by the frequency of the greatest harmonic of interest. 
While the instrument is capable of measuring up 10 50 
kHz, harmonics over 20 kHz are typically not of interest 
because they are beyond the range of hearing. 

Intermodulation Distortion 

Intermodulation distortion is still not as widely used as 
an IndeX of audio system performance as it might be. 
The use of the heterodyne spectrum analyzer makes it 
possible to conduct several different IM tests on the same 
test unit by simpiy varying the signal input frequencies 
and relative levels. Use of the convenlionallM distortion 
meters limits the test performed to that for which the 
individual IM analyzer was designed. 

TOTAL HARMONIC DISTORTION MEASl.REMEHT OF TAPE RECORllERS 
TEST SIGNAL IS RECORDED AND M EASURED IN ONE 'PASS". 

Figure 4. Total harmonic distortion of tape recorder 

shows THO to be approximately 2%. 

Figure 5. Me,;I5uring speilker distortion. 
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There are other tests that could also be performed using 
the specb'Urn anaiyzer and appropriate signal sowces. 
The recently infamous Transient Intermodulation Distor� 
lion can be investigated Quickly over a range of Input 
levels. The b'acing simulation devices used for reduction 
of geometrically induced distortion in lacquer master 
discs can be checked by cutting a t kHz CW signal at 
several groove velocities and checking the harmonic 
content of the reproduced sisnal. 

·Reprt .... whh ...... illianfrom .... IGOIdIniE ........ 'Pn._ ... June 1178, Vol. e. No. 3 . ..... 4'''' • .mItIId "'Ipl I ... AMtrIII 
10 AudIo .. .... Ihm. 
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The intermodulation method of measuring distortion 
uses a driving signal composed of two Sinusoidal signals 
of different frequencies. This composite signal can be 
thought of as a modulated carrier. The intermodulation 
method is useful because the distortion measurement is 
not affected by the distortion of the signal source. Dis
tortion from the source does not occur at the same fre
quencies as device distortion so the analyzercan be used 
to pick out just the device distortion products. There 
are two generally accepted intermodulation techniques. 
One is the SMPTE method which uses a low frequency 
and a relatively high frequency signal (normally 60 Hz 
and 7 kHz) which are mixed at a four to one amplitude 
ratio (see illustration). Using this method, distortion is 
determined from the relative amplitude of the modula
tion sidebands of the higher frequency signal. For 
diagnostic purposes it is useful to determine even-and
odd order distortion separately. Second order distortion 
is determined from the ratio of the sum of the amplitudes 
of the two spurious frequencies, f!-f1 and f2+f,. to the 
amplitude of the high frequency Signal, fr 

Second order distortion = 

(in percent) 

11 12 
OSCILLATOR OSCILLATOR 

From Figure 6 photograph: 
A (f1-fd = -50 dB = 3.2 mv 
A (f1+(I) = -54 dB = 2.0 mv 
A 0 dB = 1 V 

Distortion = [3.2 mv,+ 2.0 my] 100 == .S2% 
even order V 

Similarly, third order distortion is the ratio of the sum of 
the amplitudes of the two spurious frequencies, (1-2(1' 
and (2+2(1, to the amplitude of (1 

DEVICE 
UNDER 
TEST 

.-

SMPTE lNTERMODULATtON DISTORTION METHOO 

;; N 
, , 

l' .-
FREQUENCY 

MooEL 3580A OR 
MooEL 3581A 
ANALYZER 

.- .- .-
• .- .' 

LINEAR SUMMING NETWORK 

Overall intermodulation distortion using the 

SMPTE melhod. 
EKpanded view ollr and spurious frequen

cies generalad. 

Figure 6. Test connections and measurement results for SMPTE intermodulation distortion. 
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[ �f -li I + 1'\, · >1 1 
Third order distortion = 1 1 I • 1 ] x 100 
[i n percent ] A,� 

From Figure 6. photograph: 
A ({1-2fl) = -54 dB = 2.0 mv 
A (fl+ 2f1) = -58 dB = 1.3 mv 
Arl 0 dB = 1 V 

Distortion = [2.0mvt
v

l.3mv J 100=.33% 
Odd Order 

For general purposes, it is more convenient 10 express 
the total distortion as a single percentage. In this case, 
the total distortion is equal to the square root of the sum 
of the squares of the second and third order distortion 
terms. 

For this case: Vcs2f + (.3W = .62% 

Anotl1er method, known as the CClF method, uses a 
combination of two relatively high frequency sinusoidal 
signals of equal amplitude as the driving signal. For 
audio-frequency distortion measurements, their fre
quencies are typicaJly within a few hundred hertz of 
each other. Some of the spurious frequencies generated 
are low in frequency while some are gathered around 
the driving frequencies themselves (see illustration). 
Even-order distortion is expressed as the ratio of the 
amplitude of Ihe lowest frequency component (f2-fl) 
to the sum of the amplitudes of the driving frequencies. 

Figure 7 illustrates distortion measurement using the 
CClF method. 

. .  All -I I 
Even-order distortion = l , 

X 100 
A, + A, [in percent] 1 2 

For this illustration "frl,1 = -62 dB = .79 mv 
A" 

A" 
o dB = 1 V 

o dB = 1 V 

'��:�
v

V x 100 - .04% 

The odd-order distortion is determined by finding the 
ratio of the sum of the amplitudes of the two third-order 
products, 2fl-f1 and 2f!-fl, to the sum of the ampli
tudes of the two driving frequencies. 

Odd d d' t rt' 
AW,-121 + AI2f,_f,1 

v tOO -or er IS 0 Ion = 
- � 

AI, + At! 

For this illustration AW,-lll '" -62 dB = .79 mv 

�112-1,1 = -67 dB = .45 mv 

.79mv + .45mv 
IV + TV 

100 = .06% 

o 

Figure 7. 
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Tape Recorders 
Flutter and Wow are terms used 10 describe a special 
type of intermodulation distortion normally associated 
with tape recorders. This type of distortion is due to vari· 
at ions in tape velocity across the recording or reproduc
ing head caused by mechanical problems in the tape 
drive system. These variations result in frequency modu
lation of the recorded signal. The resultant frequency 
spectrum is similar 10 that obtained in the SMPTE method 
of measuring intermodulalion distortion. In this case, 
however, the low frequency signal is generated by the 
fluctuations in lape speed and is not at any set amplitude. 
As with the SMPTE method, the spurious frequencies 
generated appear as upper and lower sidebands of the 
recorded signal. To measure flutter and wow, a lest tape 
with a prerecorded tone of approximately 3 kHz is used. 
Flutter and wow analysis requires that the modulation 
sidebands be adequately separated for measurement. 
This is made possible with the Model 3580A because of 
Ihe , Hz filter bandwidth. FiRure 8 Ilustrates flutter and 
wow measurement using the Model 3580A. 

Amplilude of I SI sideband = 112..1 Q "" -13 dB = .224 
A Q - .446 
fs = ),000 Hz 
fm"" 2 Hz 
26Qfm 

x 100 "" peak 10 peak fiulter and wow 
fs (in perceOlJ 

2 [.446]2 Hz_ 
3000 - .06% 

c:v 
"'(:0"«" 
U�OE" TEST 

2.975 3kHr 

./ 
[ ) , 0 
/oIOOE:L J::;eOA 

3.025 

Figure 8. Flutter and wow measurement with the Model 

3580A. 
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Musical Instruments 
This is one case where the harmonic content is not 
called distortion. The presence of the right harmonics 
gives a note a full rich sound. The harmonics also ac
count for the different voices of instruments. 

Now a trumpet is always going to sound different than 
an oboe because of their basic structures. Each structure 
alters the amplitude of harmonics in a different way. 
Good and bad trumpet sounds will depend on the 
musician and small differences in construction. 

A spectrum analyzer can be used to analyze a sustained 
note to see what amplitude relationships are associated 
with different instruments. Such an analysis will reveal 
large differences between various instruments. This sug
gests that one application of a spectrum analyzer would 
be for design of electronic organs. 

The designer would like to do a better job of synthesizing 
the voices of various instruments. To do this, he can use 
a spectrum analyzer to discover which harmonics are 
present in the real instruments and their amplitudes. 
Then he tries to duplicate that performance electronical
ly. when the two spectral responses are compared, the 
degree of match will be an indication of how much the 
organ sounds like the voice of another instrument. 

To illustrate how a spectrum analyzer might be used to 
analyze the organ voices, Figure 9 shows the fundamen
tal tones middle C and C sharp produce. The middle C 
has a frequency of 261 Hz and the sharp occurs at 271 

Hz. There are spurious tones around 120 Hz and 370 Hz. 
Because these unwanted tones are at very low amplitude, 
they usually can't be heard in the presence of the wanted 
tones. We can now look al a wider scan and see the 
harmonics present in the normal organ voicing. Figure 10 
shows a 5 kHz scan which exposes 15 harmonics. 
Notice that the first tone which is the fundamental has 
about the same amplitude as many of the harmonics. 
Given this as a starting point, the harmonics can be modi
fied to provide flute, oboe and violin voicing. Using the 
spectrum analyzer, the designer doesn't have to dwell 
on the question of why a flute doesn't have high fre
quency harmonics. His job is to match the organ spec
trum to a real flute's spectrum. The spectrum analyzer 
tells him how close he came to that goal. 
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Figure 9. C and C sharp fundamental tones. 

Figure 10. The harmonics of Middle C. 

Figure 11. Middle C with a flute voice. 

Figure 12. Middle C with a violin voice. 

Figure 13. Middle C with an oboe voice. 



Frequency Response 

Simply defined, frequency response is the ability of a 
device to pass or amplify, equally, all frequencies with· 
in a specified range. With respect to audio, this range is 
generally accepted as being from 20 Hz to 20 kHz. The 
importance of a device being able to reproduce signals 
over this entire range is not necessarily because funda· 
mental tones are generated at all audio frequencies; 
actually, few musical instruments exceed fundamental 
frequencies greater than 4 kHz and the human voice 
e)(lpnrl� only" lilllf' over I kHz. The importance lies in 
the fact that for true audio fidelity, the reproducing de· 
vice must be able to handle all overtones (harmonics) 
which accompany the fundamental frequency. Without 
sufficient bandwidth, reproduction of the overtones, the 
sound is "flat" or "mechanical". A long distance tele
phone conversation is a good e)(ample of this effect 
because it does nOI produce frequencies over 4 kHz. 
The telephone line certainly represents something of a 
worst case e)(ample where the frequency response is 
deliberately cut off. To solve Ihis apparent problem, a 
lot of money is spent to gel amplifiers with very flal re
sponse to high frequencies. In the concert hall or home 
where the music is to be heard, there are many factors 
other than bandwidth that influence the characteristics 
of the sound. For example, the speakers and room acous· 
tics have a tremendous effect on the sound. 

The frequency response of Figure 14 shows what a room 
and speakers can look like even though the amplifier 
response was flat over this frequency range. While this 
picture looks like there is a lot of noise present. the many 
sharp peaks are caused by resonances. One conclusion 
is that tne performance of any single component such 
as the amplifier does not tell the whole story. To charac
terize frequency response, all parts of the system have 
10 be measured. A fast, effiCient means of measuring fre
quency response is the "swept frequency" method. This 
method employs a sweep frequency generator as a signal 
source and makes response measurements over the 
entire range of interest in onc sweep. The detector for 
these measurements may be either a wide·band device 
which measures the signal source and any spurious fre· 
quencies, or a tracking Iype which tracks the signal 
source and measures a narrow band of frequencies cen· 
tered around the source frequency. To effectively use a 
wide·band detector, the test tone amplitude m ust be 
greater than any spurious tones or noise or harmonics. 
Because tnis may nOI be Irue al the frequency limits of 
the device under test, it is safer to use a narrow band 
detector. The narrow band detector is a bener guarantee 
that the amplitude measured is that of the tone generator 
and is not influenced by some unknown. 

1 0  

Figure 14. The detailed frequency response of a residential 

room as the frequency range from 0 to 10KHz is swept. 
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Figure 15. Amplifier frequency response measurement using 

the Model 3580A or Model 3581A. 

o 1kHz 2 kHz 3kHz 4kHz 5kHz 

Figure 16. Bass and treble controls effect on the frequency 

response of an amplifier. 

1 1  

The Models 3580A and 3581A are good instruments for 
measuring a narrow band of frequencies as they are 
swept. Spurious frequencies caused by source distortion 
do not fall within the IF bandwidth of the analyzer and 
are, therefore, rejected. When using the Model 3580A 
or MocIel 3581A, the signal source for frequency re
sponse measurements is provided by the tracking oscil
lator output of the analyzer. This output is a sinusoidal 
signal, variable in amplitude from 0 to 2 volts rms, which 
tracks the internal tuned or swept frequency of the 
analyzer. With either of these simple instruments, a good 
frequency response measurement can be made. 

Figure 15 shows a typical setup for measuring amplifier 
frequency response. The signal source used to drive the 
amplifier under test is the tracking oscillator (BFO) out
put of the analyzer. The amplifier output is terminated 
with an appropriate load and connected 10 the analyzer 
input. Measurement of the frequency response is made 
by automatically or manually sweeping the analyzer 
across the frequency range of interest. II is possible 10 

measure signal amplitudes of up to + 30 dB with the 
Models 3580A or 3581A. This is equivalent to a power 
of 250 watts rms into a four ohm load. For documentary 
purposes, an X-V Recorder can be connected to the 
recorder outputs provided, to automatically record the 
measurement or, when using the Model 3580A, a scope 
camera can be used to record the CRT display_ Figure 
16 shows how the bass and treble !=onlrols effect the 
frequency response of an amplifier. Using the storage 
feature, amplitude range and frequency characteristics 
of these controls become obvious. 



5 kHz/sec 500 Hz/sec 50 Hz/sec 5 Hz/sec .5 HZ/sec 

300Hz 7.5 ms 75 ms .75 sec 7.5 sec 75 sec 

100 Hz 2.5 ms 25 ms .25 sec 2.5 sec 25 sec 

30 Hz 7.5 ms 75 ms .75 sec 7.5 sec 

10 Hz 2.5 ms 25 ms .25 sec 2.5 sec 

3 H, 7.5 ms 75 ms .75 sec 

1 H, 2.5 ms 25 ms .25 sec 

Figure 17. Maximum time delay between BFO output and input to analyzer as a function of analyzer 

bandwidth and sweep rate. 

To measure overall frequency response of multiple head 
tape recorders, the tracking oscillator signal is connected 
10 the record ilmplifier input and the output is taken from 
the plilyback amplifier. This allows the recording and 
measurement of frequency response to be made in one 
"pass" and eliminates the problem of synchronizing the 
analyzer sweep to the recorded signal. See figure 18 A 
problem when using this method occurs because of the 
physical displilcement between the record and playback 
heads. lhis causes a time delay between the input and 
output signals which results in a significant frequency 
difference. As an example, at a tape speed of 7-1/2 inches 
per second and a head displacement of l-1f2 inches, 
the time delay would be 200 milliseconds. (1.5 inchesl 
7.5 inches per second = .2 seconds). At a sweep rate of 
500 Hz per second, Ihis would mean a frequency differ
ence of 100 Hz between the input and output signal. 

If we used the 100 Hz filter bandwidth that is available 
in the 3581 A or 3580A, the signal would fall outside the 
bandpass limits .1nd the results would be of little value. 
This can be corrected simply by using a much slower 
sweep speed or narrower bandwidth. 

This method also applies 10 other swept measurements 
where time delays are encountered, such as speaker re
sponse and room acoustic measurements. 

figure 17 shows the maximum delays for various sweep 
rales and bandwidths. for the case of a 200 ms delay, a 
so Hz/sec sweep rate on the 100 Hz bandwidth would 
give correcl answers for this delay. Other bandwidths 
and sweep rates would also give the same results. On 
the analyzer. the SO Hz1sec sweep rate can be achieved 
through a number of different settings of span and sweep 
time. for instance, covering a span of 10kHz at a SO sed 
cm rale yields the required 50 Hzlsec sweep rate. 
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MODEL 3!581A ANALY2E:R UNOER TEST 

(THRE:E HE:AO MACHINE) 

Figure 18. Tape recorder frequency response test connec

tions. Test signal is recorded and measured in one "pass." 



Frequency Response of Equalizers 

A larger problem is this characterization of equalizers. 
The complete job is very time consuming unless a 
spectrum anaJyzer's characteristics are used . 

• Shown on Figure 1 9 are the 12 dB shelving characteristics 
or two different equalizers of the same model. The left 
set of shelves are almost perfectly symmetrical about the 

reference line. Its companion does not quite match it in 
this respect Note the 50 Hz cut curve as compared with 
the 50 Hz boost. Note also, the low frequency set of 
curves, shown as maxima and minima, exceed the ±: 12 
dB nominal values by almost 2 dB as judged by the±: 12 
dB reference lines, in both cases. The high frequency 
shelves exceed nominal maximum boost and cut by 
about 1 dB. 

The 50 Hz - 15kHz "filter" function is also shown with 
the shelving family. It appears to be identical for both 
equalizers. Note the upward curve ofthe center reference 
line. It rises about loll dB at about 15kHz to about 2 dB at 
about 40 kHz. This appears to be a common character· 
istic of the brand "x" equalizers tested. The HP 3580A 
tracking generator output checked out flat across the band 
within .2 dB of reference at 5 kHz. All amplifiers in the 
console were tested with a 6 04 Ohm load termination. 
The cause of this rise was not determined nor was it 
established that this rise was at all troublesome. 

Figure 20 shows the same two equalizers in the same order 
as Figul"P l�. Comparison of the maximum and minimum 
extremes shows that all agree closely with the.±: 12 d8 
nominal. 

On the Jef t set of curves, locate the fifth notch from the 
left. This is the 400 Hz curve that is duplicated in the 
IF and MF sections of the equalizer. This curve appe:trs 
slightly heavier than the others because the IF and MF 
400 Hz center frequencies are not exactly identical. 
They do overlay each other very closely in the lef t 
family. Comparing this in the right set of curves, we see 
that the IF and MF 400 Hz notches do not match as 
precisely as in the left set. 

These are variations noted in two out of thirty·two 
equalizers. It would have been interesting to have 
checked more units. had lime permined, to see how great 
the range of deviations from nominal performance might 
be. After some praclice, it was possible to generate a full 
set of extreme shelving, peaking and notching curves in 
about 11 minutes, taking time to apply the Polaroid 
preservative solution 10 each of the two photos and to 
make identifying notes regarding each. 80th shelving 
and notching could have been recorded on a single photo 
had the HP 197 camera been adjusted to sufficiently 
offset the two tracks. Doing this could have trimmed 
several more minutes off of that 11 minute time. 

The entire set of thirty·two equalizers could have been 
checked in about six hours, excluding interruptions of 
biological or other necessity, and the test results in· 
spected at leisure. 

Figure 21 shows;the incremental peaking response of a 
brand "x" equalizer alloo Hz and 15 kHz. The +2, +4, 
+6, and +9 increments show up nicely and exhibit 
remarkable precision, but the + 12 d8 sening is off the 
screen. Marker traces are shown at reference level and at 
2 d8 increments. 

Figure 19. Shefying equaliz.- bmilv of curves for two 
sepal'lte equalizers. 10 dB/vertical cm with horizontal 
reference times at ±1OdB and ±12 dB, too frequency 
sweep,2O Hz to 43 kHz. 

Figure 20. Peeking and notching curves for two .eparatl 
equalizers. 10 dBlvertical cm with horizontal refer_tee 
Ilnn at il0 and i12 dB,1og sweep, 20 Hz to 43 kHz. 

Figure 21. Equellz.- peaking curve boost incremenb. at 
100 Hz and 16 Kz center frequencies. Expanded tell. 
1 dBlverticel cm with Clllbntion lines at 2 dB Interval. 
log sweep. 20 HI to 43 kHz. 

-ReprlntId wittl pennill60n frorn "Recording EntI_IProdu_." Jurw 1976. Vol. e. No. 3.1N11M 41-111 . .... 1t1M1 "SPI.urn � 
AppHitd to AIdoSyftl_ D�Ics." by ....... Bun. ______________________ _ 
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Acoustic Response 

To get a more complete idea of the frequency response 
as perceived by the user, it is not enough to measure just 
the electronics. The speaker and room characteristics 
have a large effect on the sound. The effects of the 
speaker and room can be separated by first doing a fre
quency response of the speaker output in an echo free 
environment. An anechoic chamber is the obvious 
answer but it is also the most expensive and does have 
low frequency limitations. Another solution is to do the 
frequency response measurement outdoors where there 
are no buildings to cause reflections. Directing the 
speaker up also eliminates the reflections from the 
ground. Figure 22 shows the frequency response of such 
a measurement. 

The next step is 10 characterize the room response. There 
are several methods of measuring room response. The 
source could be either a swept lone or white noise. The 
analyzer could be either a 1/3 octave or narrow band 
analyzer. The choice of source and analyzer depends 
to a large degree on the particular compensation philos
ophy used. 

Looking at sources, noise sources come closest to 
duplicating the music or voice signals that will be used. 
It, therefore, should give a realistic picture of the fre
quency response. A tone tends to excite the resonant 
room modes more than the noise source. The swept tone 
is useful for situations where the resonant modes are 
causing problems and need to be identified. 

Another chOice is in the analyzers used to measure room 
response. A 113 octave analyzer tends to average the 
sharp resonances and give an overall picture. The narrow 
band analyzers show more detail. The following discus
sion describes what can be done with a swept source 
and a narrow band analyzer. 

Figure 14 showed the tremendous effect the room had on 
the response. Figure 23 illustrates the effect of the many 
reflections and modes of driving a room. From this 
figure, it seems that the room has a greater effect on the 
sound than any other factor. Fortunately, the many nodes 
and anti nodes are very sharp. They, therefore, effect 
only a very small amount of the frequency range and 
are not always fully excited, so the apparent effect to the 
listener is small. The biggest problem these resonances 
present occurs when there is feedback. These nodes limit 
the acoustic power that can be used without causing 
feedback. 

Another measure of room acoustics is reverberation 
time. This is a phenomena that is important for large 
auditoriums. The goal is not to eliminate all reverbera
tion because they would destroy the live qualities. On 
the other hand, too much reverberation will make 
speech unintelligible. With these limits in mind, a lot of 
research has been done to find the optimum reverbera
tion time based on room volume, type of material and 
frequency. By surveying a room before a sound rein
forcement system is attempted, the sound engineer can 
make estimates of the effectiveness of such a system. This 
has proven to be important because there is no electronic 
solution for bad reverberation characteristics. To make 
the measurement, a tone is used to excite the rooms 
various modes. When the tone is removed, the decay 
time is measured. Figure 24 shows such a measurement. 
This process is repeated for other tones resulting in a plot 
of reverberation time vrs. frequency which can then be 
compared 10 the desired characteristics. 

Figure 22. Outdoors. 

Figure 23. The two response curves (offset by lOdB) 
show the changes from simply opening a door in the room. 

Figure 24. Decay time when the tone is removed. 
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Signal-ta-Noise Ratio 
Signal-to-noise measurements can be made in conjunc
tion with frequency response. A response measurement 

is made at the desired signal reference level and recorded. 
When using the Model 3580A, this measurement may 
be stored in "memory". The drive signal is then removed 
from the device under test and the input is shorted or 
terminated with an appropriate load. The analyzer is 
again swept across the frequency range covered in the 
response measurement. With the 3580A, the noise 
measurement is now displayed on the CRT along with 
the signal measurement which was stored in memory. 
See Figure 25.This method makes possible comparison 
of signal-ta-noise over the entire frequency range of 
interest. 

Cross-talk 
Cross-talk is measured in a manner similar to that of 

signal-to-noise ralio. Again, a frequency res�nse 
measurement is made and recorded at the desired refer
ence level through one channel. The analyzer input is 
then removed from this channel and connected to the 
second channel. The analyzer is then swept over the 
frequency range while driving the input of the first chan
nel and measuring the output of the second. This 
measurement together with the reference measurement 
documents cross-talk over the entire frequency range of 
interest. Figure 26 illustrates measurement results . 

• Cross-talk measurements have always been a hassle 
using conventional methods. Even with a real, live wave 
analyzer, gening a good idea of how much unwanted 
signal is leaking into where at what frequency takes the 
patience of a monk. Planing the curves from manually 

recorded data is always time consuming. Figure 27 shows 
an adjacent channel cross-talk sweep from 0 Hz to 50 
kHz. One input.channel was driven with a-50 dBV 
sweep from the 3 580A tracking generator while an 
adjacent channel output was observed on the display 
screen. 

Although the numbers aren't apparent due to our lack of 
graticule, the leakage lies below -70 dav up to about 
10 kHz, rising to about - 50 dBv at around 45 kHz. The 
driven channel gain was adjusted to yield +4 dam at 
1 kHz. The lower trace shows the program channel noise, 
with the equalizer in the circuit set for flat, over the 50 
kHz band. The estimated average, unweighted noise over 
the bottom 20 kHz band is approximately -77 day. A 

2 kHz per division horizontal scale factor would have 
yielded somewhat more accurate data. The cross-talk 
curve took about 20 seconds 10 trace while the noise 
curve took about 100 seconds. 

Figure 25. Signal measurement stored in memory. 

F igu re 26. Cross·talk over entire frequency. 

Figure 27. Adjacent channel cro. talk lupper trace), _nd 
chIImel residual noill (lower trace). 10 dB/vertical cm. 
S kHz/horizontal cm mMllr sweep). 

·Reprlm.d with perm6lalon from "Recording Enti_lProdu_," June 1975, Vol. 8. No. 3. � 41-81, emtt*l ·"S9Ktrum AnI'Y* 
AppU.d to Audio Syltlml Oi.gnottla:." PItIr Bun. 
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HP Offers Spectrum Analyzers For 
Video Entertainment Products As Well. 

85538 

TV video and IF measurements 
1 kHz - 110 MHz 
High sensitivity (-140 dBm) 

Stabil ity 

85588 
Opt 002 
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85548 

VHF/UHF TV 
lOO kHz - 1250 MHz 
Absolute amplitude calibration 
Automatic tuning stabilization 

(ATV Systems 
100kH z - 15DOMHz 
To demonstrate proof of performance 
Signal levels displayed directly in dBmV 
Easy to operate 

For further information, see HP Application Notes 150, 
150-1, 150-6 
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