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ADAPTIVE-BANDWIDTH AUDIO INPUT
FOR THE NARROWBAND LINEAR PREDICTIVE CODER

IITRODUCTION

This report describes an analog method for controlling the audio input
bandwidth preceding a narrowband linear predictive coder (LC), The LPC is a
digital processor which operates on sampled voice waveforms to produce a
narrowband digital signal. The narrowband digital signal can be transmitted
over voice-grade landlines or radio channels and reconstructed at the
receiving end by a synthesis technique.

The analog voice waveform is sampled at an 8 kHz rate in the current
narrowband LPC, so input frequencies higher than 4 kHz cannot be recognized
following the sampler. A frequency, F, above 4 kHz will be interpreted as
(3000 - F) Hz. To prevent interpretation errors caused by this characteristic
of sampled data systems, the sampler is preceded by a low-pass filter (LPF)
to remove frequencies higher than one-half the sampling frequency. The
filter is also known as an anti-aliasing filter, Most filters have a finite
slope of the stopband attenuation characteristic, so the corner (cut-off)
frequency of the filter is usually set somewhat lower than one-half the
sampling frequency. The corner frequency specified for the current
narrowband LPC is 3.,6 kHz, and it is not adjustable.

Current narrowband LPC systems have lower intelligibility than
conventional, non-processing, systems of similar bandwidth. Research at NRL
I I I has discovered a number of the reasons for reduced intelligibility with
the LPC. One of these is that the spectral components of some important
speech sounds, chiefly sibilants, are almost entirely above the corner
frequency of the 3.6 kHz LPF. This causes the LPC to miss, or misrepresent,
these sounds. The problem is not as severe in conventional telephone
systems because sampling and digital processing are not used, and because
the carbon microphone in standard telephone handsets is a non-linear device
which spreads the speech spectra so that some of the high frequency energy
is shifted into the system passband. Figure 1 shows the speech spectra for a

*e  short phrase at the outputs of a dynamic microphone and a carbon microphone.
Note that the spectra for the /s/ in "reflects" and "rays" are almost entirely
above 3.6 kHz for the dynamic microphone output, but extend well below .3.6
k3qz for carbon microphone output. Unfortunately. the distortion produced by
the carbon microphone produces unsatisfactory results with the narrowband
LPC.

6
An alternative approach to spreading high-frequency sound spectra

into the passband is *o deliberately introduce aliasing. This is accornolished
by increasing the audio input bandwidth to above one-half the samoling
frequency when speech contains primarily high-frequency spectral
cnmronents, Figure 2 shows spectra for a phrase before and after sun

* processing. An adaptive-bandwidth filter may be imolemented digitall! [I ] or
by analog means, as presented in this report.

Manuscripc approved January 1S, 1983.
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IT REFLECTS LIGHT RAYS THAT ENTER IT

q~ 3

(A) DYNAMIC MICROPHONE OUTPUT

2

(B) CARBON MICROPHONE OUTPUT

Fig. 1 - Speech spectra from dynamic and carbon microphone outputs

42



-' -r r ~-r - ' .-

K4  -

* nCL

/ .A

-- 4--0

)z

(A' UA

g 4 I->L'I.
LC,

0 U 4.

z

10.

F-i- - F i 1

6 s n -:- r ~ z I l

'4' ounaj zjR~abj

*3



The purpose of the adaptive-bandwidth filter is to make the
narrowband LPC sounds more intelligible without increasing the LPC
bandwidth or requiring changes in existing analysis hardware or software.
Tests have shown that the use of the adaptive filter improves the
intelligibility scores by a few points. More significantly, speech becomes
more readily understandable with more clearly audible sibilant sounds.

The controlled aliasing technique can be used also with band-limited
analog systems. Normally, analog communication systems have no aliasing
mechanism, so adaptive filtering of the voice input would have little effect,
but if the adaptive filter is followed by a sampler operating at twice the
system bandwidth, to produce aliasing, and a LPF to smooth the output,
effects similar to those obtained with digital processing should result.

APPROACH

Several approaches to development of the adaptive-bandwidth audio
unit were considered. To duplicate the computer simulation, a digital
processing system would be necessary (and one was suggested in I1)# but a
substantial development effort would have been required. It was decided
that an analog unit conforming to the block diagram (Figure 3) would be a
sufficiently close approximation to the computer simulation to permit
intelligibility testing.

in Figure 3, the main signal path runs across the top of the diagram.
and the control components are shown below the main path. The input section
and the high-pass filter (HPF) duplicate functions already present in the
normal narrowband LPC analog input section, and deliver an audio signal of
correct amplitude to the main signal path and to the control circuits. The
main signal path runs from the HPF to a controllable low-pass filter (LPF2)
and an output section which drives the analog-to-digital converter (ADC) in
the LPC. LPF2 [23 is an integrated-circuit, switched-capacitor low-pass
filter. it is a seven-pole, six-zero elliptic design with less than 0.2 dB
cassband ripple and more than 75 dB out-of-band rejection. The slope of the
attenuation characteristic above the corner frequency approaches 100
dB./octave, The corner Frequency of the LPF is set by the clock frequency
supplied to the circuit (the corner frequency is 1/100 the clock frequency).

The control circuits, below the main signal path, provide simple
spectrum analysis of the audio signal, and control the clock frequency to
LFF2. There are two signal paths in the contrcl section. One is bandwidth-
limited by LFFI, which has a corner frequency between 3.5 kHz and 4 kH:. The
other path is not filtered, but has an adjustable attenuator. The signals in
the two paths drive two peak detectors, which produce d.c. outputs
oroportional to the peak-to-peak voltages at the detector inputs. The two
detector outputs go to a comparator and electronic switch. The switch
:,cntro!_s the clock Frequency to LF2. When the wideband ,icnal haz creater
rnpli.:Ld than tl.e narrowband signal, the comaratcr switches the 'nisher

--lock Frequency to LF2. ;T'hen the widebano sional is no :reater than the
7ar-owband sional, the ;P?2 cio:k is at the lower Frequency (used also b\
LP7l). The adiustable attenuator in the wiceoand control path allows tIe
t hreeholo rario of w:deband..narrowband amlitjdes, at 4hizh switcii- o3
. 3F2 o the wideoano node occurs, tc be se, 3s desirec.
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Two clock generators are used, each adjustable in frequency, The low-
frequency generator, used by LPF1 and by LPF2 in the narrowband mode, is
variable from 300 kHz to 400 kHz (corresponding to filter corner frequencies
of 3 kHz to 4 kHz)# The high-frequency generator, used by LPF2 in the
wideband mode, is variable from 350 kHz to 700 kHz,

EXPERIMENTS

An experimental audio unit conforming to the block diagram has been
built# A detailed description of the circuits is in the appendix, Experimental
use of the audio unit indicated that critical elements in its effectiveness are
the narrowband and wideband corner frequencies and the attack and decay
times of the peak detectors# Provivion had been made for control of corner
frequencies, but the detector time constants were not adjustable without
component changes.

As originally designed, the detector time constants were short, in an
attempt to minimize the control delay, Unfortunately, voiced sounds, which do
not require bandwidth switching, contain short intervals in which only high-
frequencies are present. These sounds caused bandwidth switching for short
periods (200 microseconds) at the pitch frequency of the voiced sound#
Increasing the attack time constants of both peak detectors prevented most
of the false triggering, and extending the decay times produced further
improvement. Because of the different bandwidths of the two control paths,
it appears that the wideband detector should have a slightly slower attack
and faster decay than the corresponding characteristics for the narrowband
detector. Further work on time constants and, possibly, a better sensing
method should be done,

D iagnostic Rhyme Tests (DRT) [3] were made for three conditions of
the audio input unit. These tests used tape recordings of speakers reading
lists of words. The words occur in pairs which differ in only one sound. Pair
differences are chosen to test various speech characteristics as the test
progresses. Intelligibility scores are produced by listeners for each of the
characteristics,

Tests were run, with a female speaker, for fixed 3.6 kHz and 4 kHz
corner frequencies (bandwidth switching inhibited) and for adaptive bandwidth
switching between corner frequencies of 4 kHz and 6 kHz. The DP.T
intelligibility scores are tabulated below.

iE
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Table 1

Characteristic 3.6 kMz 4 kHz Switched BW

Voicing 74.2 80.5 88
Nasality 98.4 98.4 96.1
Sustention 67.2 72.7 77.1
Sibilation 78.1 88.5 82.6
Graveness 68.7 72.2 71,1
Compactness 88.3 92.2 88.8

Average 79.2 82.8 84,0

i Additional tests with other speakers would produce somewhat different
results, but the trends indicated by the scores in the table are probably
valid. The first two columns of scores show the improvement in
intelligibility when bandwidth is increased; no significant aliasing was
present during these tests. The third column of scores used switching
between 4 kHz and 6 kHz corner frequencies, and input frequencies above 4
kHz would have been shifted by the processor below 4 kHz. Differences in the
second and third score columns indicate changes in intelligibility caused by
the bandwidth switching process. There were significant improvements in
three characteristics, and losses in three. Two of the losses were in
characteristics with scores near or above 90, while all of the improvements
were in characteristics with scores in the 70's and 80's, so it appears that
the intelligibility improvement through use of the adaptive-bandwidth
technique is significant, and probably greater than the improvement indicated
by the average scores.

CONCLUSIONS

The experiments with the adaptive audio unit have demonstrated the
benefits both of wider Fixed bandwidth audio input to the LPC and of adaptive
switched bandwidth. The equipment used was designed to be inexpensive and
easy to build: it is not the only way to implement the desired function, nor

* the best. Reference I outlines a digital method for input bandwidth
variation, and many hybrid analog/digital techniques are also possible. A
final decision on a production version of an LPC with variable input
bandwidth will depend on details of the processor design, and is beyond the
scope of this investigation. It should be noted, however, that some form of
analog bandpass filter will always be necessary ahead of the digital
processor, and that the filters used in the experimental unit are cheap, small
(8-pin DIP) and have excellent characteristics (flat response in the passband
and very steep cutoff in the stcpband). The filters used do not meet military
envircnmental specifications, and it is not known at present whether military
grade units will be produced.

7
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Appendix

ADAPTIVE-BANDWIDTH AUDIO UNIT

GENERAL DESCRIPTION

This unit will be installed between a source of analog audio, such as a
tape recorder output or a handset microphone, and the analog-to-dioital
converter (ADC) of a linear-predictive-coder (LPC) digital audio system.

Normally, the unit will act the same as the original audio input section
of the LPC system, but whenever the audio input signal contains significant
energy at frequencies above the normal audio passband AND little or no
energy within the normal passband, then the passband of the adaptive unit
will switch to a wideband mode until normal energy distribution is resumed.
This will have the effect of allowing isolated high frequency bursts
(fricatives, sibilants, etc.) to reach the LPC ADC. The 8000 Hz sampling rate
of the LPC A/D converter will cause the apparent frequencies of inputs above
4000 Hz to be folded below 4000 Hz in the final LPC audio output, so
frequency distortion will occur, but sound output will be present to represent
all the original audio inputs.

Reference to the block-diagram, Figure Al, will help clarify the
operation of the unit. Starting from the left, there is an audio input section
with inputs for microphone and tape. The input section is followed by a 150
Hz high-pass filter (HPF), which removes low frequency line noise and
unnecessary audio energy from the input signal. The signal path then splits.
The main path leads to a low-pass filter (LPF2) and an output section which
provides suitable drive to the LPC ADC. Normally, LPF2 is set to provide the
normal cut-off frequency in the range from 3600 Hz to 4000 Hz. The cut-off
frequency of LPF2 is switchable, under control of the control circuits shown
below the main path on the diagram. The full-bandwidth audio signal goes, in
addition to the main path, to an additional low-pass filter (LPF1) followed by
a peak detector, and to another peak detector working on the full bandwidth.
The outputs of the two peak detectors represent the amplitudes of band-
limited and full bandwidth signals, respectively. The output of the full
bandwidth channel can be attenuated as desired by a variable attenuatr; this
attenuated level is then compared with the output level of the band-limited
channel and a decision made as to which clock frequency to supply to the main
channel LPF2. When the output of the band-limited detector exceeds the
attenuated output of the wide-band detector, the switch sends a low clock
frequency to LPF2, and the normal, narrow-band condition results. When the
attenuated wide-band detector output exceeds the band-limited detector
output, a higher clock frequency is switched to LPF2, and the wide-band
condition results - this continues until normal frequency relationships
resume.

The above operation is possible because LPF2 has a cut-off frequency
determined by the clock Frequency supplied to it. The cut-off frequency is

* the clock frequency divided by 100, so two variable clcck generators are used,
cne For the normal bandpass and another for the wide-band condition. LFF1 is
the same type of filter, but it is not necessary to switch its bandwidth, so it

9
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is clocked continuously from the lower frequency clock generator. Both
generators are variable, so the two cut-off frequencies can be set
independently over a range of values: 3 to 4 kHz for the LF clock, and 3.5 to
7 kHz for the HF clock.

CIRCUIT DESCRIPTION

This description is keyed to the blocks in Figure Al and the circuit
schematic, Figure A2. Circuit references are, generally, to integrated circuit
identifiers (Ula, etc.) or control names (Gain, etc.). The block and circuit
diagrams have similar signal flow patterns.

INPUT SECTION & HPF. Four sections of a quad op-amp, Ul, are used.
Ula provides amplification for a microphone output. The gain is variable
from 0 dB to 40 dB by changing the setting of the Mic. Gain control. The
output of Ula and the signal from the TAPE input go to the Source switch,
which routes the selected signal through the Gain control to Ulb. Ulb is
connected for a gain of approximately 20 dB, and drives the HPF. Ulc and
Uld are connected as voltage followers in an active high-pass filter circuit
with a cut-off Frequency of 150 Hz, The output of Uld is the audio signal
routed to TP1, LPF2, LPF1 and the Ratio control.

LPF2 & OUTPUT SECTION, LPF2 receives audio from Uld and clock
from the Var. Clock line# The audio input level, as monitored at TPl, must
not exceed 12 Vpp. The output of LPF2 goes to the Output Level control and
to output amplifier U6. The output level, monitored at TP2, must not exceed
10 Vpp. The output of U6 is passed through a low-pass filter consisting of a
50 mH inductor and a 7500 pF capacitor before being sent to the LPC. This
final LPF serves to remove high frequency noise due to leakage from the clock
circuits.

The control of the signal path bandwidth is done in the block of
circuits shown directly below the main signal path in the block diagram, The
narrowband control branch consists of LPF1, which is the same as LPF2
except that the clock frequency is constant, followed by a peak detector. The
PEAK DETECTOR uses U2a as an amplifier, and U2b as an inverter. The
outputs of U2a and U2b are connected through diodes to a filter consisting of
a capacitor and resistors to control the charge and discharge currents in the
capacitor. The d.c. voltage or the capacitor is proportional to the peak-to-
peak audio voltage into the detector circuit. As drawn, the charging current
is controlled by the 22k resistor, and the discharge by the series combination
of the 22k and 80k resistors, The wideband control branch passes through the
Ratio control and into a peak detector using U2c and U2d. This detector is
identical to the one described above, except For the filter time constants.
The output of the narrowband detector is used to drive a PEAK ALARM. The
alarm uses USd as a comparator to light a LED whenever the detected signal
level exceeds a threshold voltage set by the Feak Alarm Adi. control. This
control is set so that the LED starts to lioht when the sianal amolitude
reaches 10 Vpo, and the LED reaches Full brightness for sional amplitudes of
12 Vop or greater. This alarm is intended to orovide warnina of sianal levels
greater than the maximum allowed for the L?=F's.

11



"0 -

/4-

-4-4.

II ~ 
.In



COMPARATOR & CLOCK SWITCH. The voltages from the capacitors at
the outputs of the peak detectors are isolated from the circuits following by
voltage followers U3c and U3b, The outputs of the voltage followers are
connected to the inputs of comparator U3a0 When the narrowband output is
greater than the wideband output, the comparator output is high. When the
wideband output is greater, the comparator output is low. The comparator
output controls a switch composed of the four NOR gates of U4, These switch
the appropriate clock frequency to LPF2, TPS is provided so that the
comparator action can be monitored.

CLOCK GENERATORS. There are two clock generators, one for LPF1
and the narrowband mode of LPF2, and another for the wideband mode of
LPF2. They are free-running multivibrators, using the NOR gates of U5 as
inverting amplifiers. The high-frequency clock is produced by U5a and U5b,
with an adjustment range by the WB Adi. control of 350 kHz to 700 kHz. The
low-frequency clock, controlled by NB Adi., has a range of 300 kHz to 400 kHz,
TP3 and TP4 are provided for monitoring the clock frequencies. These test
points are isolated from the clock generators by attenuators to minimize any
shift of frequency that might be caused by a frequency measuring device.

POWER SUPPLY, No power supply is shown, but all circuits operate
from supplies of +10 V and -10 V. The maximum loading is about 35 mA for
the positive voltage and 5 mA for the negative voltage, Separate, variable
power supplies have been used to date, but small, fixed supplies have been
ordered. when they arrive, they will be installed in the chassis on which the
circuit card is mounted.

The integrated circuits in the audio unit are listed below:

Identifier Part No. Description
Ul LM324 Quad Op-Amp
112 U 321 Wuad OP-A~p
!13 LM324 Qad Op-Aw
U4 C4001FE Quad NOR Gate
u5 C0400IBE Quad OR Gate
116 L?741CN Op-.mp

LF1 RW09 Reticon LFF
LFF 2 M609 Reticor. LFf

4 HARDWARE DESCRIPTION

All the circuits except the power supply and some of the controls are
located on a Douglas 11-DE-3 plug-in circuit card, which fits a 22-pin socket.
Included on the board -are color-coded test points and screwdriver
adjustments for the narrowband and wideband clock frequencies and for the

2.ak alarm threshold level, Figure A3 is a sketch of the comoonent side of
the circuit board, showing component and test point locations. Figure A4
shows the wiring of the card.

The :ircuit board plugs into a chassis (which will c:ntain the powsr
suplias) having input and output connectors on its ucoer surface and

U operating controls on its front surface. The controls, From left to right, are

13
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MIC. GAIN, MIC/LINE switch, LINE (master) GAIN, RATIO and OUTPUT
LEVEL.

Figure A5 is a frequency response plot for the circuit. The effect of
the 150 Hz high-pass Filter is seen at the left of the plot, and the effect of
the switchable low-pass filter (for two cutoff frequencies) is seen at the
right. The. two LPF clock frequencies used were approximately 360 kHz and
703 kHz. A line having a slope of 100 dB/octave is shown to help gauge the
slopes of the LPF responses.

CIRCUIT ADJUSTMENTS

The MIC, GAIN and LINE GAIN controls will be set during operation
for a satisfactory output signal level.

The RATIO control can be set by observing the relative amplitudes of a
constant level test signal at U2-1 and U2-7 while adjusting the control. A
roughly calibrated scale is provided for the RATIO control.

The peak alarm threshold adjustment determines the peak-to-peak
signal level at which the LED indicator starts to light. It is adjusted by
supplying a steady test signal within the filter passbands (say, 1 kHz) of the
desired amplitude, measured at TP!, and adjusting the potentiometer until the
LED just lights. Signal levels above the set level will cause brighter
indications, and lower levels will not light the LED. The indicator is now set
to light for levels of 10 Vpp or higher#

The narrowband and wideband clock frequency adjustments are made
while monitoring the frequencies at TP3 and TP4, respectively. The
f 'equencies of the clocks are to be 100 times the desired cut-off frequencies
of the filter. The cloc!s have been set initially to approximately 400 kHz and
600 k-z.

The CUTPUT LEVEL control is provided so that the output sional to
the LFC can have the correct value (10 Vpp) while the circuits within the
Adaptive Audio Unit operate at optimum levels. This control has been set so
that 10 Vpp at T?1 yields 10 Vpp at the output (TF2).

16
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NOTES

(1) U1, U2 and U3 are LM324 quad op-amps. These amplifiers introduce
noticeable cross-over distortion in the signal. The distortion percentage is
stall for large signals, but still undesirable, Only U1 is in the signal path
from input to output, so it is the only amplifier likely to have a direct effect
on signal quality, It is recommended that future ver3ions of the circuit use
different amplifiers; LM1558 dual op-amps or TLO84C quad op-amps would be
suitable. The TLO84C has the same pin connections as the LM324 (except for
reversed power supply polarity) and could be used without circuit changes.

(2) When LPF1 and LPF2 are overdriven (>12 Vpp), their outputs show
distortion in the form of output peaks exceeding the input peaks. In future
versions of the circuit, it would seem prudent to put a limiter (clipper) ahead
of the LPF's to prevent overdriving, With the present circuit, the output
level should be set equal to the input level, and the peak alarm should start
to light at a signal level of 10 Vpp.

(3) A low-pass filter has been added in series with the output of the circuit
card to reduce the high frequency noise output. This noise consists of feed-
through of the clock signals to the two LPF's and coupling of transients from
the two clock generators (through stray capacitances and through the power
lines - bypass capacitors have been placed across the clock chips). The added
filter consists of a 50 mH inductance and a 7500 pF capacitor, as shown at the
right on drawing 4. The inductance has a shunt capacitance of approximately
42 pF, The filter has 3 dB attenuation at a little above 8 kHz, 20 dB at 28
kHz and more than 45 dB above 80 kHz.
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