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Power Limitationsin High Quality Sound Reproduction
- Neville Thielé

Summary. Parameters that affect the accurate reproductieowdd at high levels are examined and
suggestions made for their amelioration. Topicseced include the true peak amplitude of an audio
signal, recovery of amplifiers after overload, thedspeaker, prevalence and toleration of clipping
signal peaks, maximum driver excursigp.xhigh pass filtering, equalization and group délay

I ntroduction.

Loud sounds are one of the joys of life. Not aomtiusly loud roaring sound, but sudden bursts afrae

that leap suddenly and unexpectedly out of gergkeaed quiet, the sudden surprise when a bané stk
Variety of dynamics has always been one of theadsvavailable to musicians and actors to engage the
interest and enthusiasm of an audience, alongwaitiety of pitch and timbre and rhythm and pace.

Yet too often, when sound is reproduced, that guaidiminished or lost. This happens for a vigrief
reasons. The dynamics of much popular music washed, beginning around 1957, by record
manufacturers competing for loudness and thus cooiateexposure through fixed-gain juke boxes in
public places, and has remained so ever sinceadio and television the primary function of soundst
often is to maximize the audibility of the sponsomessage. So, in deference to the all-powerfuhsyr,
the dynamics of programme before and afterwardst mesgraduated regardless of the original artist's
intentions so that the changes are not apparemtrtoy the listener.

Even when it is not inhibited by such limitatiossund reproduction with unfettered dynamics goesifia-
hand all too often with distortion. The discussimiow will deal with some of the reasons and saggeme
ways of ameliorating such damage.

True Peak Amplitudes.

The maximum reproducible sinusoidal Sound Pressenesl (SPL) in the atmosphere at sea level is
approximately 194dB. This is limited not by the nmaxm pressure part but by the limit of a complete
vacuum on the rarification parts of the wave. Thavevcan cycle from this absolute vacuum level tobtk
atmospheric pressure on peaks, thus maintainingeannpressure of 1 atmosphere. Overpressures are
possible as with explosions but not for repetitiv@veforms. Fortunately audio reproduced for pleatder
human experience lies well below these levels.

When levels of live sound are quoted, e.g that mbeonversation level at 1 metre is +74 dB SPLhat &
symphony orchestra produces a peak sound leved4fdB SPL, it is traditionally in terms of readinigg
meters that do not pretend to read true peak lev&le ratio of true peak level to meter readingesa
somewhat, of course, with the nature of the programrmaterial and the ballistics of the meter. Haosvev
the standards of broadcasting and recording stymimsde a useful guide.

For many years, the VU meter was the indicatorrog@mmme level in many counties, e.g. China, Aliatra
France and the United States. All meters weréeikd to produce the same meter deflection wiHetel

of a sine wave signal, called Alignment Level, thigbout each installation of studios and output
destinations, recorders, programme distributionnobés or transmitters. Different installations dise
different Alignment Levels, e.g. 0 dBu, 4 dBu ord8u, but the one level applied throughout each
installation. Other countries, e.g. most of Eurapsed Peak Programme Meters, but the same pencia
standardized Alignment Level applied. Then all afigsk, recorders etc. throughout the installati@d to

be capable of handling the peak level of all anadogignals presented to them. This was obvioushyeab
alignment level, but by how much?

The Australian Broadcasting Corporation specifieat tits audio distribution amplifiers must produess
than %% THD at +12 dB above Alignment Level anddlipt any signals below +16 dB (where clipping was
determined as the rapid rise of distortion produstseeding audible limits and often taken as 2%).
Answering an ABC contract, a highly respected maciuirer of mixing desks specified that clippingddo
not occur below + 20 dB above Alignment Level aeparted a commercial advantage in doing so.

With the advent of digital transmission, an infleei upper limit of the maximum sized word was eoéat.
For 16 bit audio this was 7FFF. This level wasrtteximum catered for could not be exceeded. Thetignes
was just how to relate this to the program levelage. After much study, eventually maximum worgn@i
levels of 7FFF were specified worldwide as being 4B above Alignment Level for broadcasting and +20
dB for film sound.

Thus a figure of +18 dB or +20 dB is not an unreabdte, though admittedly “worst case”, estimatéhef
“headroom” needed to reproduce sound truthfullgheauit distortion, and while not necessary for &ilds of
audio programmes, it is a prudent figure to avostiress, to the equipment and the listener, foryekimd of
material.

Then, even if we take the margin for “headroom*a$ dB rather than +20 dB, the Sound Pressure Level
(SPL) required at the listeners’ ears become +9&BB for speech and +110 dB SPL for orchestral causi
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Now when a source radiates 1 acoustic watt inte gace it produces +112 dB SPL at 1 metre distance
Thus assuming, for example, that for home listerttrgy room provides for a listener an acoustic signa
equivalent to 1 metre distance in free space (hiady pessimistic) and that the loudspeaker predu€92

dB SPL at 1 metre with 1watt in free space (quitely optimistic) the amplifier would need to dedivpeaks

of 600 milliwatts for speech and 60 watts for osthe music. A loud rock band would need an eviggdy
margin, and to cover greater listening distances si$ public venues, even more again because rofpaod
6dB for every doubling of distance according toftiee space inverse square law.

These levels allow for reproduction of the loudegtected sound. They are not the continuous sawvad. |
For 5.1 cinema sound, when the loudest expecteddsiamvel is taken as 112dB this corresponds tora pe
channel contribution of 103 - 105dB SPL deliveredhe listener for each of the five channels, rptimat
channel signal contributions will not normally bieage-consistent and so will not directly add. Gdigghe
Programme Level, the average reading during losdaages will be 18 — 20 dB below this, or approxatyat
83dB SPL.

Recovery of Amplifiersafter Overload.

When some elements of a sound reproducing chaiowedoaded and distort for a short time, it isallsu

assumed that, once the overload ceases, each ¢laiflereturn immediately to its previous undisteat

state. This certainly applies, for example, tadkpeakers and magnetic analogue recording tapié dags

not necessarily apply to amplifiers, which are preesn great numbers in any reproducing chain.oun

discussion below we will be concerned primarilyhwihe power output amplifier, the final link in tbbain

that feeds the loudspeaker, and the mechanisncaimaeasily convert the effect of a momentary owat]o
just a few milliseconds long, into a distorting nadtiat can persist for up to a second.

Most amplifiers use negative feedback as a powerfens of lowering distortion and ensuring the low
output impedance needed for driving electromagrietidspeakers. Even designs claiming minimal oneve
no feedback often include internal current senseitage feedback through such mechanisms as series
cathode, emitter or source resistors.

The feedback amplifier schematic Fig 1 presentaraplifier as comprising three parts, an input agdor
subtracting, stage which takes two inpytdrem the input,and g, the feedback, and feeds their difference
én - &, to an amplifier proper, of gain p. The outpy; ef this stage feeds the loudspeaker and also an
attenuator that feeds a proportion of fte ,back to the input as,. The result is to reduce the open loop
gain W, and with it the distortion and the outpupédance, by a factor 1 fu

The resulting voltages are typified by Fig 2, whire feedback factor 1+3is 10 and the amplifier is being
driven to the brink of distortion at its maximumtput signal voltage 4 of 10 units peak amplitude by a
difference signal ig— e, of 1 unit peak. Fig 3 shows the input and the li@e#l voltages when the input
voltage has increased by 1 dB to 11.22 units pedkize output voltage, driven to distortion, clipard for
the sake of illustration. The difference voltagd-ig 4, after rising undistorted to 1 unit, thé&es rapidly to
an amplitude of 2.2 units peak, most likely beytmal capabilities of the early drive stages.

With the gain reduction factor increased to 100 andverload of 1 dB as before, the input and faeklb
voltages in Figs 5 and 6 are so high as to ris@lgafout of sight”, even with a small display offférence
signal. Then, with an increase of 1 dB in the trgagnal, the difference voltage, after rising wstdited to 1
unit height, goes during output clipping to a pe&k 3.2 units, a level certain to drive one andsfuy all
the earlier stages of the amplifier into non-lingar Modern power amplifiers often have gain retituc
factors greater than 100 times, resulting in thespmlity of significant internal overdrive withtiernal errors
arising from overdrive or out of band signals.

Now when driving stages go non-linear, their mean doltages change and thus also the charge in any
internal coupling capacitor(s). Additionally, whehe inputs of both transistor and valve stages are
overdriven, they act as diodes, with quite low fardvresistance. This can then charge the coupdipgaitor
rapidly, easily driven by the great increase oftagé swing during output clipping, and when theeser
resistance is low during diode conduction and highen the conduction ceases, a large charge can
accumulate that then will take a much longer timdischarge.

In this way a small momentary overload may causaraplifier to mis-operate afterwards and contimue t
distort over a considerable time, sometimes foraHarge part of an elapsed second or more. Thus a
amplifier that performs well, and measures welbther respects with signals below overload, majyyebs
unsatisfactory for practical use.

Overload Restoring Time.

Such problems can be avoided, or at least mitigdigdcareful design. On the other hand they may be
comparatively hard to predict, or find, in a comptievice, so it is comforting to know that a simf#st is
available for detecting and quantifying thgth .

The amplifier under test is fed with a sine wagnal, e.g. at 1 kHz., through a 20 dB switchableratator,
e.g. as in Fig 7, so that its output signal isdBObelow full output, and is read on an oscilloseeyth its
time base set to a slow scan, e.g. 5 seconds toha. attenuation is then removed for 1 secondwéllg it
to rise 20 dB, well into overload. After 1 secoitds reapplied, and then ideally the output vgitavould
resemble the input in Fig 8. The output observedhe oscilloscope, however, may well resemble the
output sections of the diagram, and the overloatbrimg time, during which the amplifier may comtinto
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distort, is recorded as the time elapsed from ¢happlication of attenuation until the output heached 1
dB below its final level.

Note however that after the overload ceases, niyt isnthe output signal initially attenuated beldts

normal level; its centre line also is often displcas in the diagram, denoting a d.c. shift ey return to
normal with a damped L.F. oscillation. Such adifaproduce distortion and demand the designegenir
attention.

A Simple Design Example.
The need for care and the reward for attentionetmvery from overload are illustrated by the simple
example below, which was published so long ago ithased valves, but illustrates the general ppileci

clearly. It was published in the Proceedings eflitstitution of Radio Engineers Australia, whicdHittle
circulation outside Australia.

It has received little interest elsewhere so itynb@ worth re-visiting. During the development af
television receiver, it was noticed that when theeiver reproduced a loud sound, the display opidtsire
tube also contracted vertically. But when the lsodind ceased, the display not only expanded again,
overshot to an even greater height before slowhtracting back to normal. Easy to understand;atiio
power amplifier and the vertical output deflectietage were both supplied from a common h.t. rail,
decoupled from the rest of the receiver by a 22 obsistor. Clearly the audio output valve drewhkig
current during loud passages, and afterwards dbevwrenally less current until it returned slowlyrtormal.
But why?

The circuit diagram of the amplifier is shown irgEE. In the diagram, the initial values for the comeots

C1, R2 and R3 are bracketed, 0.047 pFQldhd 10 K. The “paralysis” or at least “semi-paralysis”ttha
seemed to be the most appropriate description @frétovery process was produced when overload
produced a high signal from the first valve thaiwdr the control grid of the second, output, valesifive
with respect to its cathode so that it acted a®ded The diode conduction clipped the output dnd tthe
feedback voltage, producing a much larger diffeeesignal and output from the first valve, very soon
exceeding its maximum capability in the manner thathave seen earlier. Then this large signabhapi
increased the d.c. charge on C1, the 0.047uF ¢apabirough though R3, the small 1QKesistor.

When the loud sound ceased, the grid no longerumed like a diode and C1 discharged its compaaigtiv
large extra charge at a more leisurely pace thrahghmuch larger R2, 18 resistor, and the amplifier's
operation returned comparatively slowly to normal.

The solution was to change the component valuésetain-bracketed values shown. R3 was increased as
much as possible, to 47@2k R2 reduced to 470¢k so as not to exceed the recommended total grid
resistance of 1®, and capacitance C3 reduced as far as possibl®@1quF, which reduced its time constant
with R3 to 4700 pus and thus moved its open-loodB3requency to the higher, but in the circumstance
acceptable, figure of 34 Hz. As a result the dveos of picture height virtually disappeared

But solving that problem also produced a seconensipitous effect. To quote from the initial pualiion

[2]:
“In listening tests conducted with the (modifiedpgifier..... , ....and also with a push-pull amplifier
using two 6BM8’s designed on a similar basis, progne peaks could be seen to flatten in a cathgde-ra
oscilloscope about 3 dB before they were detecyeeln, and even 6 dB overload on speech peaksotlid n
produce audible distortion. This compares withisteen conventional amplifiers (e.g. the unmodified
version of Fig. 1) where the onset of distortiorswiatected by oscilloscope and by ear at the seweé |

While such subjective results must be assessedoaiition, they do indicate the substantial improsem
that can be obtained.” In other words, the modifemplifier behaved, as far as perceived distorted
distortion was concerned, as if its power output been at least doubled.

Such “paralysis”, as we called it, occurs to a grear lesser extent in all amplifiers. The vaéraplifier of
Fig 9 that produced these results had a feedbaitk rgduction factor of 14 dB. High quality valve
amplifiers can have gain reduction factors excepd6 dB. Modern transistor amplifiers have gain
reduction factors of more than 40 dB, and have utpw transformer to limit open loop gain at thevést
frequencies and minimize low frequency oscillatituming recovery.

This increase in gain reduction by feedback inasabe likely severity of paralysis, so modern powe
amplifiers need even more care in their design iantheasurement of their performance. It is a useful
strategy for rapid recovery to restrict overdriweiling and recovery issues to the lower signaélesections

of an amplifier where possible, rather than to hawerload limiting occur in downstream high powtges
where time constants can be significantly longer.

A further indication of the ease with which shoigthamplitude peaks can be formed that can paralyse
unprepared amplifiers while remaining, of themsglveindetected by ear, may be gained from an
investigation into the statistics of a signal tlweds considered (and rejected) for the measurenmient o
intermodulation distortion.

3 The behaviour of valves/tubes, bipolar and FETvadtievices and their similarities and differencas lbe universally modeled by
the use of Charge Control Theory (Cherry). The theaderlying the example remains applicable to emnctircuit designs
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Four sine waves of equal amplitude that executepbeten sequences of cycles in the same samplingderi
with different numbers of cycles per sequence 651,203 and 303, all unrelated by a common fagtere

added
Level Number 16 15 13 9
Signal Level below Peak (dB) -0.6 -1.2 -2.5 -6.0
Single Sine Wave 232 329 471 683
Sum of 4 Sine Waves 0 6 35 155

together. Each sequence of 2048 samples was tlzenized into 32 levels. Because the resulting veawre
is symmetrical about the centre line we need orfyréne half the samples that were of the one pglare.
examine 1024 positive-going samples quantized i6tpositive-going levels (bins). The table presehe
populations of samples that reach to differentlkeielow peak.

Table 1. Numbers of samples (out of 1024) that reach various quantized levelsin a signal summed from 4
equal amplitude sine waves.

This example reinforces our previous observatidrhi® great difference between mean and peak lefels
simple and complex audio programmes.

Clipping in High-Quality Magnetic Recor dings.
The prospect of tolerating clipping, soft or hast, long as it is non-paralytic may be offensiveato
engineer aiming for the highest possible standafdsund reproduction, but it is important to realthat

some clipping - and the important question of houch? — has often been tolerated in the past when it
allowed better performance in other respects.

A case in point is magnetic analogue recording,tagmse development as a high quality medium always
depended on minimizing background noise. It wasetfore even more important than usual important to
record as high a level as possible without audilid¢ortion. Also high frequency components were- pr
emphasized so that, even though it further inciebiserisk of overload, de-emphasis in playbackimiired
high frequency noise.

The compromise struck between recorded level arniserled to standards that allowed tests at 1kHz to
produce 3% THD at 6 dB above Alignment Level in sodS specifications and 2% THD at 8 dB above
Alignment Level in specifications of the AustraliBnoadcasting Corporation, as well as pre-emphadift

high frequency content at a 6 dB per octave ratdrémuencies above 2 kHz. Yet, as we have seesgth
levels, at middle and low frequencies were 6dB 4mtB respectively below generally accepted figdoes
true peak levels in programmes. The author is anawf distortion figures measured at levels highan
these, but the consequences described below give salication.

It was instructive to compare live music immediateith the same piece replayed from analogue [ape

A piano, in particular, loses the sharp edge opdscussive initial transients.  Further, in tf8¥Q@'s, an
Australian radio producer set out to restore jezzords of the 1930’s and 1940’s, using the Packburn
equipment, an early device for reducing from mormopt 78 r.p.m. discs. The disc was played with a
stereophonic cartridge, producing Left and Righerso” signals from the two walls of the grooven &
clean disc, the two signals were identical, but aoige or wear on one wall added a pulse to itsasithat
made its voltage output instantaneously higher tenother. The Packburn device compared the two
signals continuously, and selected instantaneottsly one with the lower voltage. Its results were
remarkably successful.

But when the producer, not wishing to play a presimint record a number of times while adjusting th
Packburn’s clipping levels, tried to play each disst once and record the signal on stereophongneie
tape for later manipulation, he found that no nqakses had survived. Analogue tape, driven hatdva
frequencies and even harder at the pre-emphasigbhdriequencies, could not reproduce such shodgsul
In the end, he achieved his object with an earbpdar that recorded stereo digitally on videotape.

Yet analogue magnetic tape, from the late 1940t8 well into the 1970's, was accepted unquestidyals
a recording medium of the highest quality, usedlirbroadcasting studios and for mastering nedt{.R
discs and later, as ADD, many CD’s. It clipped, distorted, the signals, but only instantaneooslyhe
highest peaks, free of paralysis, and that distortemained unnoticed, or sometimes even prefelned,
generations of listeners.

L oudspeaker Driver Distortion.

The Study of True Peak Amplitudes earlier in trapgr asserted an SPL delivered to the listenergaatkd
distortion levels in the programme chain that wbetow, or at, the threshold of audibility. What was
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temporarily ignored was any distortion introduceg the loudspeaker transducer itself. Unfortunately,
loudspeakers do distort, and quite significanthewlmaximum SPL is required.

Power ratings for loudspeakers are commonly basesliovivability rather than performance. It is gfere
not uncommon for distortion levels well in exce$4@% when devices are driven to quoted power gatin

For direct radiating loudspeakers in particulafis thimiting distortion is most often cone displacami
dependent and so occurs at the lowest driven frexge for each driver. Harmonics and intermodutatio
products generated by extremes of excursion cdmndimited by upstream electronic filtering andIvkié
further emphasized by peaks occurring in the loedker driver response itself, virtually indepentient
any upstream equalization.

Fortunately, when a loudspeaker is driven to diistoy it generally recovers instantaneously, sonatvit
the manner of analogue magnetic tape when saturBltedperceptual impact of distortion is thus soimaw
minimized but individual driver frequency respomsay extend far enough to have harmonics fall oatsid
source spectrum masking and may be emphasizedcbgasing directivity of the driver at these higher
frequencies. Further, some electromagnetic drieghsbit a non-linear “pump-down” behaviour where th
mean cone position shifts temporarily and recowra driver-dependent rate when the drive signal is
reduced. In extreme cases, the voice-coil can bgppd completely out of the gap, dramatically redgdill
output and running the risk of permanent mechamicgthermal damage.

When designing a system it is important to consitthett the distortion figure for maximum expected
Programme Level delivered to each listener mustidecand will often be limited by harmonic conttilons

of the loudspeaker drivers themselves.

Low Frequency Reproduction and Xmax

Every loudspeaker engineer is aware that the ptvagrcan be delivered at low frequencies is limkgdhe
volume of air that its diaphragm can move. Thasnaximum excursion,%. depends on the square root of
W,c, the radiated acoustic power, inversely friHe square of the frequency being radiated avet$ely on
dZ?, the square of the diameter, and thus inverselyne area, of the cone.

_ 273x10° Wy
Xmax™ fzdg T (1)

where %axand d are in mm, W in watts and f in Hf4] .

Eqgn (1) shows that the reproduced acoustic poweertis only on the mechanical dimensions of the ,cone
on the product %,d.” and thus on the volume of air that the driver pamp. It is quite unaffected by
anything the designer can do in other parts ofitheer or in the amplifier. And for a given drivéts power
capability falls rapidly with decreasing frequencylhis excursion limit can be ameliorated somewhat,
decreased to about a half, by using a vented bbrs& vent takes over from the driver the radiatbbn
power at the lowest frequencies.

As a guide to the dimensions involved, we consilderexcursions needed to radiate an acoustic poieLl
Watt, that would produce a sound pressure levelY8P102 dB at 1 metre. A low frequency driver3tf0
mm diameter reproducing that level at 30 Hz wougdhan yax of 10.7 mm, while a tweeter of 25 mm
diameter at 2000 Hz would need apx of 0.35 mm.

We should also point out that if the driver effiviges were 1%, i.e. rated at 92 dB SPL at 1 meitle v
watt input, the amplifier would need to produce€l€ctrical watts for that level, but with efficiaas at the
guite common figure of 0.2%, i.e. with drivers chigt 85 dB SPL at 1 metre with 1 Watt input, theokfier
would have to deliver 50 watts of peak electricalvpr.

Xwmax depends on a number of features of the drivegdesimong them the design of the centre pole and
front plate, whether the voice coil is under- oeptiung, and variation with motion of the compliaraf the
cone surround and spider, so it is not surpridiag it varies greatly between drivers of similamensions.

Fig 10 summarises the values @f,xx for a sample of 111 drivers available on the Eaampmarket during
2011. The cone diameters are nominal vales. Tl fiston diameters would be a little smaller. The
summary is not claimed to be exhaustive or eveicayput it does indicate how great the variatian be in
practice. The greatest variation is among thelestaof the low frequency drivers, the best of ethmake
heroic but inevitably doomed attempts to reprodreadly loud undistorted signals at frequencies down
towards 50 Hz from “3 to 5 inch woofers”.

There is another consideration related {axx At frequencies below cutoff, where the radiapexiver
diminishes rapidly, at a 12 d@er octave rate with a totally closed box and 24 @B per octave rate with a
vented box, the cone excursion remains high, aodegads to a maximum. Thus any programme content at
“sub-sonic” frequencies, not necessarily frequenttiat a human cannot hear but rather that thespmaker
cannot reproduce, can exercise the cone so thgtitllermodulate with audible sounds and produce
distortion.

This is illustrated by Fig 11, which shows how wtlbthe un-filtered closed box (dashed curve, lade2’)
and in the un-filtered vented box (solid curve,elddd 4) the excursion goes up to and remainstagla
maximum value at the lowest frequencies. Howefiléering the response to one order higher, 'toogder
from 2" in the closed box and td"®rder from 4 in the vented box, reduces the out-of band excorsi a



POWER LIMITATIONS IN SOUND REPRODUCTION Thiele

great extent. Filtering the response to two ordiégher, to 4 order from 2 in the closed box and td"6
order from 4 in the vented box reduces the out-of band excamsien further. Filtering to orders higher, in
spite of its greater cost and group delay erradpces little further relief.

However such filtering, though simple in principbannot be applied in all circumstances. The perdoce

of a closed box is easily improved, its respongereded somewhat and its excursion reduced by thelesi
insertion of a capacitor in seri¢g]. The capacitance needs to be large, hundreds abiaiads, and a
given driver ideally can be fitted into only onexbeolume to produce a given response. But it \ery
satisfactory solution for a closed box loudspeakbose performance is assessed on a stand-alore basi
Sadly though, no equivalent simple solution is ladé for a vented box.

It is important also, in selecting a driver foroaidispeaker system, to be sure thatjs s adequate for the
intended application, as drivers can vary greatlis respect. Fig 10 results from an analysisasmeters
specified for drivers available in Europe duringl20 It is of interest, not only because it alloavgvery
rough) estimate of mean values, but also for tig wéde range of values that are specified.

Active Filtering of a L oudspeaker.

The overall response of a sound reproduction sysmbines the response of all system parts from the
source signal through all electronics and ultimatiirough the air to the listener. The elementghig
response path can be combined in different wayssétidichieve the desired result subject to satisfry
design of the component parts and the system dmbkew

When loudspeaker and amplifier are designed togetha single “active loudspeaker”, great flexibils
available for desigii6], especially in handling low frequency power. Grelaanges in response become
possible by cascading small, inexpensive additiomauits with the input of the main amplifier. &loverall
response then becomes the product (or sum, whgratkeexpressed in dB) of the individual resportfes
filter(s) and loudspeaker(s).

Whilst an active system requires electronic filigrifollowed by multiple amplifiers and loudspeaker
connection circuits and so is inherently more campthere are several potential advantages otinglithe
audio into filtered bands before presentation tpldrars and so to the loudspeakers.

» The peak signal requirement for each band needdvdanthat band only, rather than catering for the
peak requirement for the full bandwidth. As an eglanin most systems, lower frequency system
power (voltage swing and current) requirements lswdominate. Where a single amplifier is
approaching maximum signal swing capability for lfivaquencies, there will be limited voltage swing
available for all bands, and so the risk of cligpand intermodulation distortion products is insezh
when having to meet additional demands in the dblaeds.. With an active system, full headroom
will remain available to other bands even when tbeer band has reached the limit of
voltage/current. On typical program material thés ¢esult in significantly increased dynamic range
and increased usable undistorted output.

» High order filters can easily be constructed etattrally. High order passive electrical filters dae
more challenging.

* Very accurate and physically compact filters camdmestructed because there is no need for inductors
Inductance footprint is a problem particularly faigh order filters and at low frequencies where
inductance values can be large. Almost any desigedonse can be achieved with passive designs
(L/R ratio) but the amount of copper required glyidlecomes prohibitive).

» Distortion introduced by non-linear magnetic matksrsuch as iron and ferrite is avoided.

» Filter loss is minimized (and so overall efficierisyimproved) as there are no inductors with atahd
series resistance.

» Stray permeability and magnetic fields have minimuffluence. Where inductances are used, care
needs to be paid to cross-coupling between cogsiticular.

» Drive levels can easily be adjusted between banitb. passive crossovers, changing drive levels can
necessitate a redesign of the crossover to a@jumsirtation impedances.

» Variations in driver impedance do not matter. Withassive design, the driver termination impedance
directly affects the response.

» Each loudspeaker driver sees an optimum low sdompgedance from its dedicated amplifier.

» Amplifier size can be scaled to individual drivequirements. Tweeters often require far less power
than lower frequency band drivers for a given SPL.

» Amplifier clipping will only apply in the band ofhe amplifier. Any amplifier clipping in passive
designs will generate harmonics that can damadefregiuency units.

» Dynamic band-limiting strategies can be more sinfplgctronically) implemented.

In some instances a hybrid solution having botlvagor digital) electronic and passive filteringnchbe used
to advantage.

Electronic filtering can be implemented either tilly, active-electronically or passive electrotiizaFor
analogue designs, the simplest (and quite efféctprecedure is to electrically filter the loudspeak
response to one greater order. This is done sitmplguitably proportioning a capacitor-resistor giag
network. It also requires, of course, approprigsign of the loudspeaker/box combination for aabie
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complementary response. We shall see later thptdduce an overall response that is substantikzity
before going into steep attenuation, a gently adéng response, e.g. of a CR network, needs tmdied
with the complementary peaked response.

It is also prudent to have the input CR netwoidcualated on the assumption that it is fed fromoa |
impedance, isolated by a buffer amplifier. Otheenits carefully estimated response might be iregay
unexpected impedance of the device feeding it.

When two orders of filtering or more are to be atjdbe design will demand creation of complex pates
the filter. These can be realized very simply bygallen and Key high-pass filtg7], again with the
precaution of an input buffer amplifier. But nogreater flexibility is possible. If our loudspeaks in a
closed box, the overall™order transfer function may be split into twd arder functions, either of which
may be allotted to the loudspeaker/box combinatidnile the other is realized in the electricalefilt The
design of both the box transfer function and tleeteical filter will need to accurately implemehgtoverall
desired response. The two possibilities of loudspealriver/box response are then realized with very
different alignments of driver {Jand box volume. This can be advantageous where #re constraints on
box size or available driver parameters, for exampl

If the loudspeaker is in a vented box, the oved&lbrder transfer function can be broken into thrée&ler
factors. Any one of these can now be allottednto dlectrical filter and the other two factors riplikd
together for the response of the loudspeaker dberr combination, which now allow three sets
(alignments) of parameters that are very differespecially in respect of box volume and driver Q

In principle, of course, the filter need not beiaet Procedures have been develof8] for passive
filtering of loudspeakers. Their components howeparticularly the inductors, while eminently ptiaal
for tweeters filtered from 2000 Hz or higher mdrecome expensive, cumbersome and prone to distantio
applications to filtering below 100 Hz, as previlyudentified.
Equalizing a L oudspeaker .
Once we start using an active filter to shape theotf characteristic of a loudspeaker, it is oalgmall step
further to consider equalization, using activeeftt to correct deficiencies in response at lowUesgies
generally. The transfer function F(s) of a higksgélter may be generalized as
z T:;
F(s) =——4 - @
1+sxg Ty +5°T;
where xis a “shape” parameter, sometimes written ag 1t@at determines the shape of its response around
its characteristic frequency fand § = i, =1/21f,. If now we have a device with d%rder transfer
function

52732
F(s) = . - (3)

1+5%y Ty +52TH
such as a closed-box loudspeaker, or perhaps"@oed2r factor of a vented loudspeakersotder transfer
function, and would like to change it to that ohg@), all we have to do is cascade with it theatiging
biquadratic function whos€2order denominator is the wanted transfer functiod its 2° order numerator
is the denominator of the unwanted transfer fumnctio

2

1+5xy Tp+s°TE T3
F(s)=—2n"" 1,4 - @)

l+sxg Tg+5°T5 Ty
where T/T,? is simply a numerical gain figure.
Such a response is readily realized using a staieble biquadratic filter, which can implement a2{§
order biquadratic transfer functi¢hO]. In Fig 13, the first two op. amps. are conne@sdhtegrators, with
capacitors between their output and negative inpetfirst leaky, with resistance shunting its cajaece.
The third stage is a unity gain phase invertergelloer these three stages determine the denomifattos
transfer function. Signals from the input to titeef and the outputs of the first three stagescarabined in
a 4" adder stage.

The coefficients of the numerator of its transfendtion are determined by the proportions of the
components feeding the adder, or by their absefmben the output function is high-pass, low-paigass
or the more general quadratic function that we n&mdequalization. depending on which of those
coefficients is positive, negative or zero, Theappt complexity of the filter is due to its need &bout ten
resistors, depending on its use, but otherwiseats only two capacitors and four op. amps. thabeahad
in a quad package.
This device can realize any kind of biquadraticction. Nevertheless, equalizers suitable for almemof,
but by no means all, equalizers for loudspeakensatso be realized by a Sallen and Key filter ipooating
a bridged-T network as in Fig 14. It can only Bediwhen, in egn (4)

Xp o Iy -

o (5)
but this limits its application less than mightfiast appear. It still needs two capacitors bulyame op.
amp. and four resistorsr(a digital implementation — éd

The procedure can be illustrated by the examplgf15, which was realized using the biquad egealof
Fig 14. A closed-back loudspeaker with a systeof @.33 (and thus a"®order transfer function in which
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Xy = 1/Q = 0.75) and a cut-off frequengydf 100 Hz (so that = 1/2tfo = 1592 us) is to be equalized to a
3" order Butterworth response with a cut-off frequen€ 50 Hz (T = 3183 us). The overall equalizer
response is produced by cascading“aofder response with an Bf 1, realized by the biquad of Fig. 14,
with the f' order response of a simple CR network whose CRiymtois 3183 ps. The two response
components, shown separately in Fig. 16, illustthgeconsiderable increase in level at low freqiesnin
the active stage and hence the need to placerthet@lement realizing the peaky respolader in the chain
than the drooping CR response to avoid overlodddrequalizing stage.

Figs. 17 and 18 illustrate the general principlat teharp cut-off responses are always implemenyed b
cascading peaky component responses with genfingioe.g. CR, component responses.

In Fig 17, which shows the components of%o8der high-pass Butterworth response that is mabynfiat

in its pass-band, the peak is only 1.3 dB high, tbyproduce a '8 order Chebyshev response that ripples
between 0.0 dB and 0.5 dB, as in Fig 18, the resppeaks 5 dB high, and for greater magnitudegppler
and/or higher orders the peaks of component resgayseven higher.

Loudspeaker equalizers can also be implementethtlygof course, an especially convenient optiorewh
the input signal is already presented digitally.

In planning the equalization of a loudspeaker, ipaldrly for extending its low frequency respongeis
important not to try to achieve too much just “besm it can be done”. The limitations that caneafiem
excessive increases of driver excursion, amplgmrer and group delay must always be kept in natgh
the extent of drift with temperature and time betwehe responses of the system being equalizedtsand
equalizer.

Group Delay Error.

Discussions about the use of higher order trarfisfeations to handle, or control, the low frequenegponse
of a loudspeaker inevitably lead to the topic ajugr delay error. We should first make it clear tivhen
sound propagates from a transmitter, there willagsvbe a delay before it reaches the receiver beoaiu
the finite velocity of sound propagation in air.

The sound quality is only impaired when what wel w#ll a “group delay error” occurs, when some
frequency components are delayed differently frahers and arrive at different times. It has besd that
while a small group delay error, when some comptmeha signal arrive a little before others, igudible,
whereas if some components arrive today and otbersrrow, it is clearly distorted. (If all the sigjis are
equally delayed for example by starting the pieter| it is not perceived as distorted)

All filters produce some group delay error, howesarall, and any increase in the order of a filteth®
steepness of its attenuation will surely increaseayioup delay error, see Fig 19. Some listeneses that
they can certainly hear the group delay error pteduby a vented box and insist on using a closed bo
Whether that is true when the frequency responseitistantially flat within the pass-band beforéalts
away in the stop-band remains a matter of debate.

In their classic reference, Blauert and Ldi&] measured thresholds of perception of group dedayoing
from a minimum of 1 ms around 2000 Hz to 2.0 m8Qf10 Hz and 3.2 ms at 500 Hz. We may surmise that
the threshold at frequencies of 50 Hz and lowelrlvalrather more than 3.2 ms, but by how much?

It is very difficult, if not impossible, to measugroup delay at very low frequencies under prattica
acoustical conditions. Equipment is, or used toalvailable for measuring group delay at frequendi@wn

to 300 Hz, which was the lower frequency limit faralogue telephony circuits. That equipment maddla
sine waves at frequencies across the range undestigation with a much smaller fixed frequensy,
measured the phase differenaf between the two sidebands of the modulated sigegl apart, and
calculated the group delag/do as the ratio of two small quantitiag/Aw = AB/2wy, .

A similar facility is in fact available from equipnts that test using a pulse input with the systetput
pulse analysed by the Fast Fourier Transform. Sudtheme can read amplitude and phase at fixed
frequency intervala\f determined by the sampling rate divided by thenber of points sampledAp is
found as the difference in the phase measuredoshdjacent frequencies that avieapart.
However, measurement of group delaydown to the lowest frequencies, 10 Hz or 20Hza farecision
0T of Ims with a modulation frequenay of 2Hz, i.e.A® of 12.6 radians/sec, would need to read a phase
angleAp to the high precision ofA&@Tg i.e. 0.025 radians or .4 The experience of a trusted colleague is
that while such a scheme had worked well in sinat his tests of group delay in practical systemhe
lowest audio frequencies had proven unsatisfactoeyto high levels of background noise.
Plots of group delay in Fig 19 calculated for Botterth responses of'% 4" and &' order, comparing cutoff
frequencies of 50 Hz and 25 Hz, demonstrate t6&tarder 25 Hz filter produces a maximum delay of enor
than 40 ms around 25 Hz. By comparisori®gder 25 Hz filter produces little more than 10 meximum,
which might give some comfort to closed box entasts. However, Fig 19 illustrates altogether that-

(i). group delay increases as the order of #spanse, and thus the slope of out-of-band attienya
increases

(ii). group delay decreases rapidly at higherdestpies with the inverse square of frequency, and
(ii). while lowering the cutoff frequency producagreatermaximum delay at the lowest frequencies, it
producetessgroup delay at higher frequencies
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But we still await a definitive figure for the ttaleold of perception of group delay at the loweddi@u
frequencies.

Conclusion.

The paper has tried to elucidate some of the pnoblef handling audio power generally and partidulat
low frequencies; some methods of solving these lpnad and the new problems that may arise from
previous solutions. Some aspects will surely bewknto the expert reader but it is hoped that &csest
guantity of the material is novel enough to haveentoe effort worthwhile.
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Feedback Amplifier Overall Gain= H
1+up

L = amplifier gain

£ = feedback ratio(<1)

1+ ypB = feedback gain reduction factor

Fig 1. Schematic Diagram of a Generalized Amplifier with Negative Feedback
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Fig 2. Signalswithin a Feedback Amplifier with 20dB (10 times) Gain Reduction by feedback
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Normalised Signal Amplitudes - Input, Feedback & Output Drive
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Input Signal 1.0 dB above maximum output (clipping)
Input signal (dash-dot curve) -11.22 units peakeedback signal (dashed curve) — clipped at 18 peiak
Hence Input signal, after subtraction of feedbadiid curve) rises during clipping to 2.2 units pea
Fig 3. Signalswithin a Feedback Amplifier with 20dB (10 times) Feedback Gain Reduction
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Normalised Amplitudeof Drive Signal to Output Stage

o

Input signal (dash-dot curve) -11.22 units peakeedback signal is clipped at 9 units peak
Hence Input signal, after subtraction of feedbadiid curve) rises during clipping to 2.2 units pea
Output Clipping Level (dashed curve) -
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Phase Angle (degrees)
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Note: Vertical scale magnified frong B

Fig 4. Signalswithin a Feedback Amplifier with input signal 1.0 dB above maximum

Normalised Signal Amplitudes
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Input signal (dash-dot curve) -100 units peakeedback signal (dashed curve) - 99 units peak

Input signal, after subtraction of feedback (saligive) - 1 unit peak

Fig5. Signalswithin alinear operating feedback Amplifier - 40dB (100 times) feedback gain reduction

Normalised Signal Amkplitudes

Input signal (dash-dot curve) - 112.2 units peak : Feedback signal is clipped at 9 units peak
Hence Input signal, after subtraction of feedbadiiq curve) rises during clipping to 13.2 unitake
Output Clipping Level (dashed curve) - 1 unit
Fig 6. Signalspossible within a Feedback Amplifier with 40dB (100 times) Feedback Gain Reduction
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Fig 7. Switched 20 dB Attenuator
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Fig 8. Envelopes of. Signals at Slow Scan Rates (e.g.1 cm/sec) in Tests of Amplifier Recovery after Overload

Original component values of C1, R2 & R3 that praehliparalysis shown in brackets.
Component values that minimized paralysis un-brecke
Fig 9. Circuit Schematic of Valve Amplifier (from the 1959 publication).
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Sallen & Key Active 2° order high-pass filter stdrder high-pass filter

Fig 12. Active High-PassFilters Cascaded with Amplifier Input

All possible resistors are shown. Some resisfoya) amongst R5, R6, R7, R10, R11 & R12, will alwde omitted,
according to wether the required responsdisgier high-pass, low-pass, notch, all-pass otuaidgatic.

Fig 13. State Variable Bi-Quadratic Filter (or Equalizer)

——
—
-

Fig 14 Active Biquadratic Filter Using a Bridged-T Network, Sallen & Key (unity gain) Configuration
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Frequency (Hz)
Qt = 1.33 (x = 0.75) and Fo = 100 Hz, equalized & order Butterworth (maximum bandwith) Response &itp
with a 2" order factor, x = 1 angy = 50 Hz, and a®iorder factor at 50 Hz.
Initial Loudspeaker ® order response, x = 0.75 ang 100 Hz (dotted curve)
Equalizer response — biquadratic stage pitsrder network with CR product of 3183 ps (dashalote)
Combined Equalized response (solid curve)
Fig 15 Equalization of a Closed-Box L oudspeaker

Amplitade Fesponse (B

10 100 110
Frequency (Hz)
Overall equalizing response (dash-dot curve in1Sjg— solid curve
1% order CR Network — dashed curve: biquadrativaetqualizer — dotted curve
Fig 16. Factorsof Equalizing Response
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Group Delay (milliseconds)

Upper diagram 19a — Linear plot of group delalower diagram 19b - Logarithmic plot of group delay
Figs. 19a, 19b. Group Delay of Butterworth Filtersof 2™, 4™ and 6" Order

Group Delay (milliseconds)
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