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DESCRIPTION
. AUDIO SIGNAL RE.PRODUCTION APPARATUS

The invention relates to audio signal reproduction apparatus.

Modern high quality sound sources such as compact disc (CD), mini
disc (MD), digital compact cassette (DCC), digital audio tape (DAT), and the
soon to be introduced digital audio broadcasting (DAB) are of high quality and
have a large dynamic range. In a quiet listening environment a large dynamic
range is desirable as it will enable the realistic reproduction of music such as
an orchestral symphony which has both very loud and very quiet passages. In
noisy environments, however, the background noise causes a major problem
in that for quiet passages the volume of the music has to be turned up so that
they are audible. This results in the loud passages being little short of ear
splitting. Conversely, - if the volume is set so that the loud pasé‘ages are
reproduced at a reasonable level the quiet passages of the music are inaudible.
An example of such a noisy background is in a motor car, where there are a
number of background noise sources which can be significant, such as tyre
noise and wind noise, especially when travelling at relatively high speed. Thus
the driver may have to resort to frequent manual volume changes during the
course of a piece of music. This is not only annoying for the driver and
reduces his listening pleasure but it also distracts the driver's attention from the
ro_a_q,.this has obvious safety considerations, particularly while driving_ at high

_s-péed.' _

One solution to this problem is to apply straight forward compression to
the signal prior to amplification. This can raise the level of the quiet passages
and reduce that of the loud passages. This will remove, or at.least
substanﬁally reduce, the requirement to frequently adjust the volume control
but will remove one of the advantages of the modern high quality sound
systemé, namely the large dynamic range. '

It is an object of the invention to enable the provision of audio
reproduction apparatus in which the necessity for frequently adjusting the gain

CONFIRMATION COPY
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(volume control) while listening to a sound source which has a large dynamic
range is reduced. _

The invention provides audio signal reproduction apparatus compn:ising
input means for receiving an input audio signal, amplifying means, monitoring
means for monitoring the amplitude of the input audio signal; and gain controi
means for controlling the gain of the amplifying means in response to the
amplitude of the input audio signal; wherein the monitoring means is arranged
to determine whether at any given time the input audio signal amplitude
exceeds a first preset value, is below a second preset value, or lies between
the first and second preset values, and the gain control means is responsive
to the monitoring means to cause the gain of the amplifier means to be set to
a first value if the input audio éignal exceeds the first preset value for at least
a given time period, to be set to a second value if the input audio signatl is
between the two preset values for at least the given time period, and to be set
to a third value if the audio input signal amplitude is below the second preset
value for at least a given time period.

The. invention enables the provision of a self adjusting volume control
system which has a much lower effect on the perceived dynamic range of the
reproduced sound than other possible approaches. it has special application
to in-car entertainment products as this is a partidularly noisy environment. It
is, however, by no means confined to use with in-car entertainment systems as
it would be equally appropriate to use the invention with any audio system
which may be listened to in a noisy environment. The invention is based on
the realisation that the perceived dynamic range of a reproduced musical
passage is sighiﬂcantly affected by the range of the transient signals and that
the longer term loud and quiet passages do not need to be as widely spaced
in amplitude terms once the transition from one to the other has passed.

When the input audio signal is in digital form the monitoring means may

~ comprise a digital comparator providing a first output control signat when the

input audio signal amplitude is above the first preset value a second output
control signal when the input audio signal amplitude is between the first and
second preset values and a third output control signal when the input audio
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signal amplitude is below the second preset vaiue. |
The 'apparatus. may comprise a multiplier circuit having a first input to

" which the input audio signal is applled' and the 'secona input to which the first,

second, and third output control slgnals are applled the output of the multiplier
being coupled to audio output means .

“The gsven penod may be between one and five seconds. The actual

time chosen will depend on user preferences and needs to be long enough to
ensure that short loud bursts pass through the apparatus unattenuated but that
"too loud" or "too quuet" passages do not last fora Iength of time which disturbs
the listener sufﬁclently for there to be a temptatlon to manually adjust the
volume.

For a quiet passage whlch persrsts for at least the glven tnme period the

- gain may be set to the third value at the start of the quiet passage In this way
it can be arranged that the Ilstener does not miss the start of a quiet passage

or at least that the Iength of the passage which might be maudlble may be less
than the given time. Thus a shorter but non-zero, interval may be applied
before increasing ‘the gam to ensure that the full transient effect is preserved
as an alternative to mcreasmg the gain as soon as the "too soft" threshold is
reached. . | | o '

More than two preset levels and a correspondmg number of galn factors

'may be provaded In this way a smaller gain reduction (or mcreased factors

may be applied when the mput s:gnal is marginally above (or below) the "too
loud" (or "too soft") thresholds than when it is greatly above (or below) those

" thresholds.

' The invention further provides an in-car entertainment system including
such audio signal reproduction apparatus. This isa prir'ne'application of the

~ invention and one in which it can be particularly advantageously used to

overcome the safety problems associated with frequent manual adjustments of
the volume by a driver travelling at high speed when the background noise

il
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produced by the car is particularly intrusive.

The foregoing and other features and advantages of the invention will
become apparent from the following description, by way of example, of
embodiments of the invention with reference to the accompanying drawings, in
which:- _

Figure 1 shows in block schematic form an embodiment of audio signal
reproduction apparatus according to the invention,

_ Figure 2 shows an analogue AGC circuit for use in the apparatus of
Figure 1, .

Figure 3 shows an output audio signal produced by the arrangement of
Figure 1 corresponding to a typical audio input signal,

Figure 4 shows in block schematic form a digital AGC circuit for use in
the apparatus of Figure 1,

Figure 5 shaws in greater detail a first embodiment of the AGC circuit of
Figure 4, .
‘Figure 6 illustrates the operation of a digitél AGC circuit on a typical
sound package, and

Figure 7 shows a second embodiment of the AGC circuit of Figure 4'

As shown on Figure 1 the audio reproduction apparatus comprises a

- number of audio sources 1-1 to 1-N. These sources may for example be a

radio tuner, a DCC player, a DAT player, or a CD player. The outputs from
these sources are fed to a selector circuit 2 which enables the selection of one
of these plurality of sources. An output 3 of the selector circuit 2 is fed to an
automatic gain control circuit 4 whose output is fed to the input of an amplifier
6 which is ah audio output amplifier whose output drives a loudspeaker 7.
For an analogue input signal the automatic gain control circuit 4 and
amplifier 6 could be implemented as shown in Figure 2. As shown in Figure
2 an input audio signal derived from the output 3 of the selector circuit 2 is
applied to input 40 and is fed to the input of an amplifier 41 and to the input of
a amplitude analyser 42. The output of the amplitude analyser 42 is fed via a
low pass filter 43 to a control input 44 of the amplifier 41. The amplitude
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analyser 42 is arranged to detect whether the input audio signél level is above
a first preset level, below a second preset level or lies between the first and

second preset levels. When the amplitude is above the first preset level it
causes a controi signal to be generated which is operative to reduce the gain

of the amplifier 41. Conversely, when the input audio signal amplitude is

below the second preset level then the amplitude control circuit 42 causes a
control signal to be generated wh’ich is operative to increase the gain of the
amplifier 41. The low pass filter 43 is present to prevent the gain changes from
taking place instantaneously. This non instantaneous volume change will, of
course, mean that the beginning of a quite section after a loud passage, will
be missed because the volume control will be at a setting determined by the
immediately preceding passage that is either a low setting if the immediately
preceding passage is a loud passage or at an intermediate settihg if the
immediately preceding passage was between the first and second preset
values. This is illustrated in Figure 3. In Figure 3 the upper trace is the input
signal to the automatic gain control arrangement at input 40 while the lower
trace is the output produced at the output of the arhpliﬁer 41. The upper trace
is a signal which is fypical of that found in classical music and illustrates a loud
passage followed by a quiet péssage with short loud bursts. At the end there

" is a loud passage. The lower trace shows the amplitude of the output of the

amplifier 41 (equivalent to amplifier 6 in Figure 1). At the b‘eginning of the
passage the output is just below the too ioud threshold which would have been
determined by the normal voiume control setting of the reproduction apparatus.
When the quiet section starts the output volume drops. below the too quiet
threshold because of the action of the low pass filter. That is there is a delay
before the change in output of the amplitude analyser 42 is applied to the
control input of the amplifier 46 which is dependent on the time constant of the
low pass filter 43. The start of the quiet passage is therefore lost in the
background noise of the car. After a short delay the output reaches the
required level, this delay being dependent on the characteristics of the low pass

filter 43. Because of the action of the low pass-'ﬁiter the two transients get

through the system, since the short durati'on changes in the output of the

i |
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ampiitude analyses 42 will not pass through the filter 43 to the control input of
the ampiifier 41. This is actually desirable since these transients are often an
important part of the music and are mainly responsible for the perceived
dynamic range of the music. In addition, short loud bursts are not as disturbing
to the listener as a continuous loud passage. At the end of the quiet section
the output increases beyond the preset "too loud” vaiue for a short period
before the reduction in gain operates, again due to the time constant of the low
pass filter. There is of course a compromise to be made in selecting the time
constant of the AGG circuit. If it is too short the important transients will be
attenuated and if it is too long the start of long loud or quiet passages will be
outside the too loud and too quiet thresholds respectively for periods which will
be disturbing to the listener. .

It is of course entirely possible to have more than two threshold values

. and to have a corresponding number of gain multipliers. This can be achieved
by means of a plurality of comparator circuits which will enable thresholds of

various amplitudes to be determined.

Figure 4 shows an alternative arrangement for an automatic gain control
circuit for use when the input audio signal is in digital form. As shown in Figure
4 the input 50 which receives a digital audio signal from the output 3 of the
selector 2 is connected to a delay circuit 54 and aiso to the inbut of an
amplitude analyser 52. The output of the amplitude analyser 52 is connected
to a first input of a multiplier circuit 55 while the output of the delay circuit 54
is fed to a second input of the muitiplier circuit 55. The output of the muitiplier
circuit 55 is fed to a digital to analogue converter 56 whose output is connected
to the amplifier 6 shown in Figure 1. i

In operation the amplitude analyser 52 is arranged to detect whether or
not the input audio samples are above a first threshoid value, below a second
threshold value, or are between the two threshold values. The amplitude
analyser 52 also detects the time period for which these conditions apply. The
delay circuit 54 is equivalent to the time constant of the low pass filter 43 and
delays the input samples fed to the multiplier 55 for a period which corresponds
with the time that the amplitude analyser 52 takes to determine whether or not
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the input samples lie within the given ranges and for how long ‘Thus in terms
of the characteristics shown in Figure 3 the output of the amphtude analyser 52
will apply a first multlplymg factor to the multiplier 55 during the first loud
passage of the input slgnai- This multiplying factor will be less than one so
that the output of the multiplier is an attenuated version of the mput signal to
ensure that it remains below the too loud thireshold. When the loud passage
finishes and the soft passage starts the amphtude analyser 52 will detect that
the input signal has fallen below the second threshold value. This will cause
the multiplying factor applied to the multlpller 55 to be increased to above unity.
Because of the action of the delay: circuit 54 it is 'p'ossiblle' to prevent an
undershoot of the too quiet threshold since the gain of the multiplier can
effectively be changed at the instant that the crossing of the too quiet threshold
would take place. This is becausé of the action of the delay circuit 54 in
delaying-the input of the audio samples to the' multiplier until after the gain of
the multiplier has been determined by the amplitude analysing circuit 52. The
amplitude analysing circuit 52 however does require that the thresholds are
exceeded for a given period. Thus although while the change from a
continuous loud passage to'a continuous quiet passage can be effected
instantaneously on the transition it is still possible to allow short bursts to pass
through unchanged since the output of the amplitude analyser circuit 52 will not
change unless the threshold is exceeded for a given period of time. It is of
course po‘ssible to tailor the characteristic in any manner desired. That is the

- tength of time for which the threshold, either too loud or too soft, must be

exceeded before a change in gain is indicated can be set to any value required.
Also any delay can be introduced after a transition so that for a transition to a
too quiet passage after a-too loud passage the first portion of the quiet passage

- may be lost to emphasise the effect of the transient transition between the two

passages..
it is of course possible for the amplitude analyser 52 to set more than

two thresholds and to produce appropriate multiplying' factors for the multiplier

. 55 depending on the amplitude ranges of the input signal applied.

- One implementation of the digital version of the AGC circuit-is shown in

FURE
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Figure 5. Digital data from the output 3 of the selector 2 is fed to the input 50
from where it is fed to an input of the amplitude analyser 52 and to a source
data (that is audio samples) delay RAM 57. The output of the amplitude
profiler 52 is fed to a volume data (volume controisetting) delay RAM 58. The
output of the source data delay RAM 57 and volume data delay RAM 58 are
fed to first and second inputs of the multiplier 55.

The operation of this arrangement is as foliows:-

Each location within the RAM stores one source (audio) sample in the
source data delay RAM 57 and a volume data control byte that is calculated by
the amplitude analyser 52 in the volume data delay RAM 58. in order to be
able to look back to measure the length of the calculated volume control
changes the amplitude analyser 52 has direct access to data already in the
delay RAM 58, At the output of the delay RAM the delayed data and volume
information are fed to the multiplier 55. The output of the multiplier 55 is fed to

.the digital to analogue convertor 56 where it is converted into an analogue

signal for application to the input of the output amplifier 6. :
The detailed operation of the circuit will be illustrated by considering the

- amplitude profile of a passage of music where the majority of the passages

within the minimum and maximum levels but where the passage also includes
a long loud section and a short transient loud section. In the amplitude profile

- shown in Figure 6 the long loud section lasts for 7 samples and is followed by
-a short loud transient of 3 samples. In this example the time threshold that
. distinguishes a long section from a transient is 4 samples. The first loud

section should therefore be attenuated and the second should be allowed to
pass through unchanged. Note the section lengths are only specified for
illustration and are not in fact typical. Normally the time threshold would be of

the order of a few seconds, say 2 seconds which with a 44 kilosample data

rate would give a threshold approaching 100 kilosamples. As data is sent from
the source the amplitude analyser 52 measures the signal amplitude and
calculates whether a volume control change would be required for that
particular sampie and what the new volume contrbi position, that is what
multiplying factor would be required. The multiplying factor, is quantised for
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‘example 0.5', 1.0:'a'nd 1.5 where the mid value would give the average listening

volume controi posltion The source data for this sample is written into the first

:_._Iocatron of the RAM shift regrster 58. For the purpose of this part of the

descnptron itis assumed that a delay |s provided by a RAM cont' gured to
operate like a shift register. The detailed rmplementatlon using a RAM will be
considered later. .

In the muslcal passage. shown in Flgure 6 the amplitude analyser 52
takes no further actron for the first series. of samples when the amplitude is

' wrthrn _the preset limits and __th_e samples are written into the shift register.

When the first sample of section A arrives the amplitude analyser 52 detects
that the volume control must be turned down to keep the music output volume
vvithin the preset l_evels. The an_alvser.sz c_alc_ula_t_es what the volume control
posltlon should be for this s__ample and writes.that information to the volume

“data shi_ft register 57. _Si:noe there :has__,b_e.en” a change in the volume control

level the ampl_itu_de analyser 52 resets an internal counter. . This counter will be
used to measure the_length of the loud section. For the subsequent samples
of section A the amplitude analyser calculates that no change in volume control

posrtron |s requrred That is the volume control position for the duration of
sectron A is the same of that required for the first sample in section A. For

each sample in section A the counter is mcremented When the end of section
A rs reached the amplrtude analyser 52 calculates that the volume control
posrtlon for the fi rst sample after section A can be the mid point volume control
position Smce there has been a change rn volume control position the
amphtude analyser 52 uses. the contents of the mternal counter to calculate the
length of the loud sectron that is Just ﬁmshed If the length of the loud section
is longer than the threshold tlme the amplrtude analyser 52 takes no further
action. This is the case for seotron A srnoe lt rs 7 samples Iong and the

threshold is set to 4 samples _ . _
The same process is repeated for sectlon B, this time however at the

end of the sectron the mternal counter which monitors the length ofthe current

loud sectron mdrcates that the Iength of sectlon B is less than the time
threshold. The amplrtude analyser 52 therefore identifies section B as a short

]
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transient for which the volume control position should not be changed. The
amplitude analyser 52 uses the counter value to calculate where the first
sample of section B has moved to inside the shift register and deletes the
volume control change data from that sample. Clearly it is not necessary to
wait until the end of a'long loud or soft passage to determine whether it is
longer that the predetermined time as the counter itself will indicated that this
time has elapsed. This it is only necessary to determine that any level or soft
passage is shorter than the predetermined time and inhibit any volume change
in that particular case.

At the output of the shift register delay the following happens:-

The first sample of section A arrives at the output of the shift register
together with a new setting for the volume control. The volume control data is
fed to one input of the multiplier and stored. The source data from this and
subsequent samples is multiplied by the stored volume control byte or perhaps
from a value derived from it. The audio samples of Section A are multi'plied by
the multiplying factor set by the amplitude analyzer 52, thatis a féctor less than
one, to reduce their amplitudes. In the multiplier 55 and the output of the
multiplier 55 ié fed to the DAC 46 with its new reduced volume since the
multiplying factor was less than 1. At the end of section A a mid point volume
control byte is received and this is stored in the multiplier 55. The samples
between the end of section A and the start of section B are therefore
reproduced with the volume control at the midpoint setting. When section B
arrives at the output of the delay there is no volume control change byte so that
the transient passes through unchanged. Section B is therefore reproduced at
a level above the too loud threshold. In summary the long section A has been
attenuated to bring its level within the desired range between the two threshold
values while section B has been detected as a short transient and has been
allowed to pass through unattenuated.

In the preceding descriptions sections A and B have been referred to as
loud sections they could of course equally be quiet sections that would have
been reproduced below the too quiet threshold. In this case the volume control
data would produce a multiplying factor of greater than unity, for example one
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and a half
_ The preclse values for the multiplying factors applled to the multiplier 55
may be determined em_pm_cal_ly and may well depend on the setting of the too
loud and too quiet thresholds. 'More than two thresholds may be applied so
that sounds which _'were marginally too _Ioud would be reduced by less than
those which Were_extrémely loud. The number of thresholds is arbitrary but
clearly the g_reatér the number of thresholds the more complex the émplitude
analyser 52 wodld have to be.
The description with reference to Figures 5 and 6 envisages a delay of
a few se'cond's. ~Such a delay would normally be realised using a long shift
register. However, in the arrangement described with reference to Figures 5
and 6 the amplitude analyser 52 has to be able to change data which is already

inside the shift register. Consequently what is required is a shift register
- function which allows random access addressing.

~ Figure 7 illustrates how this can be achieved using a RAM. The RAM
70 is accessed with two address _generators.- 71 and .72. The first address
generator 71 is for writing the data to the RAM 70 while the second address
generator 72 is for readi_hg the data from the RAM. The audio samples are fed

. to the RAM 70 over a bus 73, which is also connected to the first input of the -

multiplier 45, so that audio samples can be writ,t_én, into the delay RAM 70 under

the controli of the write address generator 71 and read out from the delay RAM

70 and applied to the multiplier 55 under the control of the read address
generator 72. Simil_arly the volume control data from the amplitude analyser

52is fed over the bus 74 to the volume control delay RAM and written into the .

RAM 70 under the control of the write address generator 71 and read out from
the RAM 70 undef the cohtrol of the read address generator 72 and fed over
the bus 74 to the second input of the multiplier 55..

As shown in Flgure 7 the read address generator accesses byte N when
the write address generator accesses byte N -1. The address generators are
mcremented by one for each audio sample and all 1's is followed by all. 0's.
In this way the data wntten to address N -1 will not be read until a time t equal

to the RAM length multlphed by the number of samples per'second later. Since.

fitd
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the delay is being realised by a RAM the amplitude analyser 52 can write a
volume flag at the beginning of the current section simply by adding an offset
to the write address. The offset is the value contained in the amplitude
analyser's internal counter.

The threshold levels for too loud and too soft could be preset by the
manufacturer but alternatively could be set by the listener using an additional
control knob. The too loud and too quiet thresholds may be determined as a
set proportion of the setting of a normal volume confrol knob but may be

‘independent of the volume control setting if desired. Thus a fixed normal

dynamic range may be specified by means of 'the too loud and too quiet
thresholds, the transients of course exceeding those thresholds, while the
average ovefall listening level may be determined by a normal volume control
which acts on an analogue ampilifier after the thresholding has taken place.
Alternatively the degree of compressidn could be dependent on the setting of
the volume control, thus raising the too quiet threshold as a proportion of the
overall signal range when the volume control is set to a relatively low value
and lowering the too loud threshold as a proportion of the overall signal range

- when the volume control is set to a relatively high setting.

The invention allows a high quality music source to be listened to in a
relatively noisy environment, such as a car, without the need for constant
manual control changes. Sources such as compact disc or digital compact
cassette have such a high dynamic range that the quiet sections are often too
quiet to be heard above the background noise within a car. If, however the
volume is turned up to accommodate these quiet sections the loud sections are -
too loud. A straight forward approach such as compression compromises the
music. The invention, however, allows the transients to pass through so that
the dynamic range perceived by the listener is much greater than that achieved
with a straight forward compression of the musical range.

From reading the present disclosure, other variations and modifications
will be apparent to persons skilled in the art. Such variations and modifications
may involve equivalent and other features which are already known in the
design and use of audio signal reproduction apparatus and componeni parts
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thereof and which may be used instead of or in addition to features already
deScrihed'herein. Although Claims have been formulated in this Application to
particular combinations of features, it should be understood that the scope of
the disclosure of the present invention also includes any novel feature or any
novel combination of features disclosed herein either explicitly or implicitly or
any generalrsatron thereof whether or not rt relates to the same invention as
'presently claimed in any Clalm and whether or not it mitigates any or all of the
same techrucal problems as does the present invention. The Appllcants hereby
give notlce that new Claims may be formulated to such features and/or
combrnatlons of such features.durln_g the prosecution of the present Application
or of any further Appiicatien derived therefrom.

i
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" CLAIMS
1. Audio signal reproduction apparatus comprising; input means for

receiving an input audio signal; amplifying means; monitoring means for
monitoring the amplitude of the i'nput audio signal; and gain control means for
controlling the gain of the amplifying means in response to the amplitude of the
input audio signal: wherein the monitoring means is arranged to determine
whether at any given time the input audio signal amplitude exceeds a first
preset value, is below a second preset value, or lies between the first and
second preset values; and the gain control means is responsive to the
monitoring means to cause the gain of the amplifying means to be set to a first
value if the input audio signal exceeds the first preset value for at least a given
time period, to be set to a second value if the input audio signal is between the
two preset values for at least the given time period, and to be set to a third
value if the audio input signal amplitude is below the second preset value for
at least given time period.

2. Apparétus as claimed in Claim 1 in which the input audio signal
is in digital form, wherein the monitoring means comprises a digital comparator
providing a first output control signal when the input audio signal amplitude is
above the first preset value, a second output control signal when the input
audio signal amplitude is between the first and second preset values, and a
third output control signal when the input audio signal amplitude is below the
second preset value. '

3. Apparatus as claimed in Claim 2 comprising a multiplier circuit
having a first input to which the input audio signal is applied and a second input
tb which the first, second, and third output control signals are applied, the
output of the multiplier being coupled to audio output means.

4, Apparatus as claimed in any preceding ciaim in which the given
time period lies between one and five seconds.
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5.  Apparatus as claimed in any preceding claim in which for a quiet

' 'passage which’ persnsts for at least the glven tlme penod the gain |s set to the
third value at the start of the quuet passage '

6.  Apparatus as claimed in any prédéding claim in which there are
more than two preset Ievels and a correspondmg number of different gain
factors.

7.  Audio signal reproduction apparatus substantlally as descnbed

herein with reference to the accompanymg drawmgs

- 8. An in-car entertainment system mcludmg audto sagnal reproductlon
apparatus as claimed is ‘any preceding claim

9. Any novel feature or' novel combination of features disclosed
herein either implicitly or explicitly whether or not it relates to the same

invention as that claimed in any preceding claim.

Hi]



