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SIMMARY

: : &

Speech transmission at 9.6 kb/s is of significant
is the highest data transmission rate currently a
e n

2st because that
ble over analog

voice lines. Where voice and data are to be tra
ction is in a time-shared mode,

practical transmission rate. To this end two
ite

Uy

residuzl-excited linear prediction (RELP) and
being simulated and evaluated.

Preliminary resu3*s
natural than log PC i
indicates that the qu ai ty of 9.6 kb/ B
me t

+

ghtly
Ai hough detailed cost studies have bee
f the coding operatioms involved
costly to implement. We need a
st ndliv of qua Eityfc0m§lexity trade-offs of the individual
rrive at optimal configuration of the respective techniques

nparative evaluation can be completed. This work 1s now belng
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cuments results attained up to this time in the simularion
of two techniques for digital speech rransmission,
—excited linear prediction coding and sub-band coding. The
sion rate is 9.6 kb/s, appropriate

i
example an integrated
k peech coded at this rat
nt 64 kb/s PCM standard. Yet the speech is quit
nd considered accept&ﬁle among special groups of users
ed communicati costs

to simulate and evaluate known
mitations and possibly improve their
: iing techniques range from simple waveform
1iques agg ospriate fo mu~253

r %igh bit rates, such as /4 kb/
kel

consi r cp*ﬁa;b the 9 6 ﬁbfs rate frhm opposite directions.
Residual~excited linear prediction coding attempts to make linear
prediction coding more robust by eliminating the need to extract a pitch
rate from which an excitation is regeneratad at the receiver. Instead
the residual component, the component in the signal remaining after
spectrum variations has been eliminated, is directzly encoded at some
additional cost in Lransm15813n ratz. In as

coding attempts to make waveform coding more effici

encoding the waveform components found in separate

thereby reducing the total transmission rate.

h-excited line pred include an algorithm to decide
he speech at an: is voiced or unvoiced, i.e.,
vocal cord vibrat . Whers the sg“ﬂcb is determined
ed, the pitch elv., The

e
QW

[

[

rr b

(=

rege e spet g I ni n this

d errors in veoicing have serious effe ts on :he aazuraézﬁss of
speech., The tradeoffs betwsen pitch and residual excitation
higher transmission rates needed to transmif the residual

, the improved quality of the residual=-excited signal and the
complexities of the two algorithms., The added complexity of

I-excited {RELP) codec 1is estimarted at zsbout 2-3 times that of
ited (PELP) codec due to the extra computations needed to
residual.

RELP speech is comparable to tha
:litv in terms of natur
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since it does not extract pitch explicitly, avoids these problems, and
should be more robust to such speech input.

waveform coding techniques (PCM, differential PCM, and ADPCM) have

shown to yileld toll-guality (7 bit log PCM) speech down to 32 kb/s

More complex techniques such as transform coding [2] vield very
pesch gquality 16 kb/s. Sub~band coding attempts to achieve a

e as much as possible the simplicity of the

form coding techniques vet minimizing the reducticn in s

due to a reduced transmissiocn rate. In sub-band coding several
independent quantizers are used o encode the speech sig

of contiguous frequency bands. The method takes advantage of the

£i

criteria of the human listener to quantization noise in th
different frequency bands. Thus more bits are assigned to transmit the
encies than the higher frequencies, Determining the upper and
off frequencies of the several frequency bands and deciding on
the number of bits to allocate to each are just some of the questions
that require detailed examination. At 16 kb/s sub-band coding has
found to yield speech quality comparable to 5 bit log PCM (40 kb/s
speech). Designs for best quality at 9.6 kb/s are under investigation.

{5 an interim progr 2po No recommend
vet as to the preferred technique for any specific a
particular, further ’ork is eqz:zeé to establish the speci
that represent the =ain impediments to improved speech qual
coding technique.
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2. CONCL ONS

Separate listening tests were performed to estimate the intelligibility
and naturalness of the RELP speech. The intelligibility test required
indentification of the initial consonant in isolated monosyllabic words.
Each of five subjects listened to 232 words processed by a simulated 9.5
kb/s system. The results showed 92.5% correct word identificatrion. This
result is comparable to the best intelligibility figures on PELP speeach
at 2.4 kb/s. Thus intelligibility is maintained by use of residual

coding instead of pitch-excited coding.

test showed RELP speech at 9.6 kb/s to be slightly more natural
PCM speech coded at 4 bits/sample. Ar the same time we tested a
rsion of the RELP and the qualitv was found to be just
e, roughly midway between 3 and 4 bits/sample log PCM.
zlity of the RELP speech is considered better than that of
ed tests have not yet been carried cut. We expect to he able
the naturalness of the RELP coded speech with the aid of
search, The evaluation cited only 1 ¥ ;

re o
by direct simulation of the technique a

The main problem with the reconstructed speech is the “harsh” voice
e 1

ty of the vowels which sounds as if the speaker had a breathv voice.
This can be attributed to the inaccurate reconstruction of the
high-frequency component of the residual, Therefore more accurare
reconstruction of the waveform of the residual, possibly by some waveform
coding technique, represents the first goal in attempting to achieve
improvements in the speech quality of RELP coding.

For sub=band c
coding ar a 35

iz

d that we can achieve good g
mission rate. The czoder
produced speech does not
or female. This i{s in c:

oot

1
d high- quai*tv inpa

7 speech

that the qualizy of th
on the speakez§ 2.8.

sccording to current estimates, beth the residual LFC and the sub~band
coding should vield qualities comparable to 4 bits/sample PCM, the RELP
slightly better than the sub~band. On the other hand, the :um-banﬁ

appears simpler and less costly to implement. We expect to define the

3 3
cost/quality tradecffs bSetter in future work.

December 19738
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LINEAR PREDICTION

s section on the theory of a residual LP codec covers the main points
of linear prediction for spsech, ranging from the LP analvsis to the
transmission of speech parameters and the synthesis~reconstruction of the
speech. The differences between pitch-excited aﬁd residual-excited LP
are established, and rhe advantages of each are discussed.

)
"

eech codecs {or vocoders) that amploy
11
P an

basic model shown in ng. An

speech s(n) in sectio

each, resulting in a set of p paramecers

i=l,...p). These parameters contain the

spectral content of the speech during a g2

repeated every T seconds, where [/T is k

values for T are in the 10-30 msec rang i

updated every T seconds, determines a varia predicto A,

estimates s(n) based on the p previcus values of s{n);

T on that t speech can be well
m H

|

WU)Q,WD(DW{,?

=

r: good qualitv speech with the

me ure sudden transitions in the

S0 ct to rapid movements of the

spe o tongue, lips). Since some id
s ort , should ideally be on the order of
35 : r, ast jority of speech sounds are longar than 20
msec, so that value was chosen for this study. This problem can be
partially avoided using more complex LP codecs known as variable ‘rame
rate vocoders, which transmit spectral frames only when significant
changes have occurred in the LP spectral repressentation [4]. These
algorit were estimated to be bevond the scope of this study, but
certainly should be considered in anyv actual development of a REL

codec.
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The accuracy of the LP r tation increases with p, the number of
pocles in the model. I fficiently large, a number of poles will
complex conjugate pairs and correspond to spectral peaks or
mantz’ in the spectrum of the Slﬂd@ wed speech signal. These formants
main carriers of spectral information, and occur on an average of

a
o1 mant per 1 KHz of spectrum for an aauls male (for people with

3 vocal tracts, e.g., women and children, the ratioc is lower).
Thus, when dealing with speech low-passed to & KHz (as was the case in
this study), the model should have at least 8 poles corresponding to the
4 formants expected., Usually extra poles are inciuded to correspond to
the spectral shaping that occurs at the glottis. In this study, p = 3
and 12 were used at 4.8 and 9.6 kb/s rates, respectively.

s )
of length N samples re, N = 204, correspond
n i

samples/s), and mi

]

n=

These a; provide the minimum mean square error for ¢
alzorithms are avalilable to efficiently evaluate the 2y, 2.8.,
autocorrelation, covariance, and lattice methods [3].

3.1.2 Linear Prediction Analvzer/Coder

The first stage of an LPC system involves the transformation of the
speech signal into spectral and excitation information. This section
examines the analysis procedure, and describes what form the output data
takes,

hat tt i

he output of the
o

- -
b &

n)) is subtracted from the actual s{n) to yield an error,
1 o~ &£

ignal 2{n). The size of e(n) depends on the accuracv o
If at time n the speech is well modeled bv p gcies and the
not changing rapidly, e(n) should be small in magnizude
(n). Assuming adequate values for T and p, there still
blem of findisz the exci?ati“ fsr the p-pole process that
ovide: o excitation over the

iz is moaegzag; ths when in fact thers 1s external
itation, as when :the vocal tract is excited by turbulence noise at a
constriction somewhers along its length (unvoiced speech) or when bursts
of air emerge from an oscillating set of vocal cords (voiced speech), one
can expect e(n) to be larger. If e(n) is comsistently large, unvoiced
peech is suspected; whereas if 2(n) is low but has quasi-periodic sud
ursts of amplitude, voiced speec’ is likely, and the time between bu
3 ted to be the fundamental period. The inverse of the period,
fundamental frequency or pitch, is an es::aa*a of the rate of
of the vocal cords, i.e., the rate at which the veocal tract is
t air,

[

o
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In PELP codecs, ={n) is not transmitted to the decocder-—
indeed e{n}) need not be calculated at all (eliminati
predictor filter A}, Instead, once per frame, a voi
and a pitch period estimate {(if voiced) is sent. This reduces
considerably the transmission bit rate, but requires the added complexity
of an algorithm (called a pitch detector) to determine thess values, The
accuracy of these pitch detectors is crucial to the performance of the
codec, and rthus there exist many algorithms and implementations both in
software and hardware [6]. Unfortunately, while most pitch detectors
give good performance most of the time, they also have errors: some

perfo
minor (e.g., slightly mis-estimating the pitch period} and some maior
{grossly misjudging the periocd, or making the wrong voiced/unvoiced

decision). Small errors in pitch periocd are not very relevant
perceptually in terms of the synthesized speech output, but gross
mistakes can have more severe perceptual consequences. Particularly
annoving to people listening to speech emerging from a PELP codec are
pitch detector errors which cause voiced speech to be pronounced as if
whispered {a voicsd-to-unvoiced error), and errors which cause insertion
of extranecus voiced periods (unvoiced- ts*vc;:ed errors). Such srrors
are nmore commonplace for speakers with extreme pitch rans {
baritones, sopranos) d for detericrated 3§eech (e.2., Qaisy,
telephone speech).

devise a perfect pit
of the unnatural gqua
such speech has a di
"buzzy", which is p

form émpief SOOD
r ( '

estimate at the frame 848, , SOfs}.

tem co e reconstruciion of the
eived ov smissicn channel from the
v / on brierfl at some problems that occur
trempting speech from a representatiocn with less
information than in the original speech.

The problem arises at the decoder as to how to reconstruct 2(n), 350 as :to
drive an inverse filter 1/{1-A), and rscover the original speech, If
e{n} and a; are transmitted directly with no coding, cutput
speech s{a) would be exactly the same as tne in put r, i
practical systems, both are transformed o
versions of e(n) and a; received at the

exhibit some degradation compared to Lhe ar%gipai vai ues.

As noted above, PELP codecs transmit only a pitch estimar
such codecs have &(n) consist of either white noise (simu

bt (D
w
o}
jh
I
jo g
[od
n
&
o
3

hey
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P

nber generator, to correspond to e{n) in unvoiced speech) or a

f impulses (with the pitch estimate specifving the durarion

impulses, for voiced speech). This is a reasonable model for

and gives good perceptual results for unvoiced speech, but produces
vet intelligible veociced speech. The fine structure of e{(n) in

geech which represents the imperfections in the LP modeling is

a mere pitch estimate replaces the waveform e{n). It is this

bu

m(ﬁ

;Z”n o

lack of fiie structure which gives the PELP speech its buzzy qualitv.
Several atempts have been made to ameliorate the unnaturalness, with
limited success [7].

RELP codecs actu ally transmit a transformed version of e(n) to the
. o

receiver and retain much of its fine structure, and avoid completely
the buzzy acteristic of PELP speech. Unfortunatelv, it is not
! uantize and transmit e{n) to the decoder at these
with the 3000/s sampling rate used in this study
to 4 KHz, a 4 bit log PCM transmission of a(a)
rate for e{n) azlome of 32 kb/s. To achieve 9.5
and a;, the information in e{n) must be reduced

There are currently two basic types of RELP codecs, both of which utilize
the same fundamental principles. One transmits a low-passed version of
e{n) to the receiver, and will be raferred to as the residual—~tfransmitted
RELP (RRELP) codec [3,8]. The other transmits a baseband of s{n) (callad
b(n)} to the decoder, where a transformation on the received baseband
resulits in &{(n). This latter will be called the baseband-transmitted
{BRELP) codec [9].

Thus in both cases a low-pass signal is transmitted. Typically, e(n) or
s{n), which contain frequencies up to &4 KHz, is passed th cugh a digital
low=pass filter with a cutoff of 800 Hz, and decimatad 3:1 to result in a
fivefold decrease in the bit rate for the residual or baseband.

ot
e
IS 1Y
. P
(o]
2
5

The problem at the receiver remains to reconstruct e(a) adequate
low-passed and quantized &(n) sr b(n).- Better results are obtai
the RELP than PELP codecs since more znformati@n is present in the

former. In both RELP codecs, 1:5 interpolation and low-pass filtering,

December 1978
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to get the signal back to 8000 samples/s, is followed by a non-linear
distortion coperation on the received sxcitation signal. This non-linear
operation restores some energy at higher frequencies while retaining the
proper harmonic structure present in the low-pass signal. One such
operation is a full- or half-wave rectifier., Typically, it does not
restore sufficient energy at the higher frequencies, and one of Iwo
methods are used to boost the gain there., The RRELP codec uses a
double-differencing ocperation to give a +12 dB/octave gain above the 800
Hz cutoff, The BRELP cannot use so simple a device because the ocutput
would no ficiently resemble e(n). Instead, an LP analysis and
predicto r operation is per*@“ﬁed on b(n) o result in &(n). Thus
both :cs perform an LP analysis and predictor filtering to vield
a resi ignal, but the RRELP éseb it in the coder, while the BREL:
does decoder. The i greater for RRELP than
BRELP, corresponding Actually, the BRELP
requires two LP analvses, one ne the ajg and

t £

gy

the decoder o obrain &{n
is much simpler than an LP analys
complex,

i
the éumbe? of poi%g used iw the LP analysis model

coefficients are not transmitte
l-er. However, whiie the numb
es not affect the bit rate, it

“
U

The BRELP codec uses the cutput o
the synthesizer, The RRELP, on ¢
double-differsncer through it 1
Hz}. Then the low=-pass 2{n} as recs D
i u‘bh~*ass version of the recaastruc

0f e(n) to drive the synthesizer., In the
t;u’ is ca lad 3\1\ the final recons

£ the predictor
h hand,
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is decreased, but the output speech is also substantially
in the transmission rate). Thus the extra

The RRELP and BRELP codecs were implemented in Faortran software on the
POP-11/45 at BANR Kontreal, and tested on many samples of speech from both
men and women. This chapter deals with specific details of the
implementations.

3 c recorded in a quiet room onto audio tape at 7.5 ips, and

trans ed to computer disk and digit pe storage via a 13 bit A/D
conve sampling at 8000/s. The A/D : preceded by an analog low-pass
filter with cutoff set just under 4 speech was then procassed
by sofrware simulating the RELP codecs at various transmission rates,

The reconstructed speech was moved to audioc tape {again 7.5 ips) via a 15
bit D/A converter followed by an analog low-pass Ffilter with 3.8 KHz
cutoff. These audioc tapes were then used for perceptual experiments.
Prior to the actual RELP simulation, the ized speech was
preprocesssed with a simple pre—emphasis a tha (y{n) = z(n) - .95
x{n-1}, where x = input speech and v = pr hasized speech), which gave
a +5 dB/octave boost to frequencies above 65 Hz, This aids the LF
medeling by reducing the dvnamic range of speech spectrum, which
normally has a fall-off of -6 dBicczave. *»rresacwézﬂg DOSL-DTOCRSsSsoT
de-smphasized the output speech afrer

Ty
ow=pa
! geﬁerate cass residual
ter responss was flat withian 1 dB
onctonically fell toc -5 dB at 600
; bave 840 a m
little energy
pling rate

Va coding techniques were explored for the transmission of the
low-pass residual or baseband, as well as for rthe spectral information.
e(n) has a relatively-flat spectrum because if results from an inverse
filtering operation on s{n), i.e., the 1-A filrer removes most spectr&l
tontent such as formants from s{n), leaving harmonic structure but with
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flattened amplitude. As a result, differential or adaptive quantization
schemes vielded little improvement over straightforward log PCM
(Pulse-Code Yodulation). An ADM (Adaptive Delta-Modulation) scheme,
transmitting o bit of information at a rate higher than 1500/s was also
attempred, but this too gave results similar to log PCM. So log PCH was
used to transmit e{n): 2 bit/sample for the 4.8 kb/s spsech and 4
bit/sample for the 9.6 kb/s speech. Thus 3.2 and 6.4 kb/s were
transmit the residual in the respective codecs, leaving 1.6 and

b

for the spectral information.

than transmit the p LP spectral coefficients directly tc the
, the a; were transformed t £ p parameters
reflection coefficients (kj)., The k; have more desirable
mission ‘”a*acter stics tﬁan t%e aj: they

3

} guarantee stable synthesis fi
r n transmission, do not), and
ansmission {i.e., aqual chang
ifferences for the aj than
d at a rate of 30 frames/s,
r the 4.8 and 9.6 kb/s speech cod
n in being transmitted once
lecting the average energy 1
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BNR-Systems Division

digital high-pass filter with 3l taps and an 800 Hz cutoff.
Specifically, the high-pass filter was the inverse of the low-pass
filter: frequency response was below -34 dB until 400 Hz, rose
monotonically to 0 4B at 840 Hz (passing through -5 dB at 600 Hz}, and
remained within 1| dB of unity gain above 840 Hz., This high~pass signal
was then added to e{ﬁ) with appropriate weighting given to each fo

balance the high/low frequency energy dlstr; ution in the coriginal e{(aJ.

This signal was then added to white noise (generated by a :crtraa

random number algorit

the transmitted gain parameters: the overall i

that of the ocriginal e{n), and the amount of added noise was de
t

hm). These two bloqais were weighted according to

3 ¥

by the normalized error with more noise contribute ituted
large part of s(n) {corresponding to unvoiced speech}. For more details
see reference [3}, which this simulation followed closely except in the
coding procedures and choice of digital filters.

oot

3.3.0 Experimental Results

Two perceptual experiments were performed using the RELP si:

descr: in the previous chapter. Section 3.3.1 describes an experiment
to t how intelligible the RELP speech was, while 3.3.2 deals with
ex ati of causes for the perceptual errors in' th

Section 3.3.3 notes an experiment to compare RELP spe

speech for naturalness. -

¢ words spoken in 1 wers
the 2.6 kb/s RRELP in random
audic tape interspa he origin
vided on a tape from companv that designed
Rhyme Test (DRT) used elligibil test [10
af “he test is to de ell p ic featur
sh n are ;:aservéﬁ after the speech ha
S features testad are: volcing,
ti and compactness. These are
at dentify vowel
as consonant
is vowel
is include: the
0 versus 1l
htl steadv-state by
of ] and transient
ues {with rresponding greater 1fflgu¢x1 5 in replicating
consonants than vowels in mos i , th

speech processing algorit
rically (i.e., small acou

erception

o

12

ek
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lead to large perceprual changes) while vowels are perceived continuously
{varving the formants gradually changes one vowel to another), and the
greatar agreement among listeners on conscnant perception than vowel
perception (e.g., 2 listeners might interpret the same utterance as "bit”
or "beat”, but given a choice ket”eerz "bit” and "pit”, they would not
disagree}.

The form of the test exploits this phenomenon in that a processed word is
plaved through earphones to the listener, and he 1s asked to choose
hetween 2 word candidates written on the answer sheet. (The words were
orthographically familiar to the subjects, and not "nonsense” syliables.)
inal spoken word corresponds to one written word pair, and
is phonemically identical to the £ except for one feature
itial consonant. By using only isol words, and controlling
ne feature in the word pair, the DRT ts the listen h
val task significantly greater than
speech 1is utterasd in sentences and
ntext in which the speech occurs.

an be com?ensataé by the listener's expectations of what

. Hence one cts a lower gerfer» nce on the DRT than
bilicy sections of speech
An er of 7.3% (as obtained <?s tudv) should
ted to at listeners would mistake one of svery 13
mal speech, since contextual cues would correct most
T's main value lies in ascertaining an upper bound on the
Brrors,

ey {7
[
[ 2
]

b
8
[0}
[ v

Pre et
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A
v (7
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sreserved the same manner and place of articulation. The 100 trials with
stops and affricates led to no voicing errors, since the 4 errors all
securred in the 60 trials with fricatives. Since voicing in stops is
often indicated via timing information, while in fricatives it is the
sresence of a low-frequency voice-bar, this perceptual disparity suggests
good timing preservation by the RELP, bu; not as good voice-bar

n
representation.

5) Nasality: 2 errors were made in 160 trials (1.25%3, testing such

pairs as "moon-boon”. Nasals were paired with voiced stops (i.e.,/m/=/b/
and /n/-/d/), to isclate the nasal featurs.

¢} Sustentio In 170 trials, there were 33 errors (19%). In pairing &
fricative with an affricate (e.g., “shin-chin”), there were 16 errors in
40 trials trials were unvoiced), and [35 of these were mistaking
/sh/for / This cue is difficult to hear, being almost entireiy
contained he re of onset of fricaticn., Since the frame size was 10
msec, suct nsi information can be expected to be degraded. The
form of the test aggravates the error performance here especially, since
e listener is forced to perceive the difference between silence and a

stop period at the start of an utterance.

The remaining 17 errors occurred in pairs of non-strident £
o E
e "yox=box"y: 15 errors (of 80 trials) used voiced
of 30 trials) had unvoiced ocnes {(e.g., t

2t

. T
arror rates were siznificantlyv higher for the voiced categor en labifl
consonants were used (due to the low—amplitude noise bursts of labials).
The /v/=/b/ and /§/-/d/ confusions were well-known in speech perception
{121, and again can be related to the slow frame rate.

160 trials, 18 errors (117%) were made. Most erro

strident fricatives with other fricatives (e.g.,

sank-th rors in 30 trials), while onlv 7 errors (in 110

trials) i with pairs of affricates with stops (" juice-goose” J. In
the lartt case, all 7 errors were g [/ and the 11
errors in the former were all mistaking / / Jen/ So perhaps the
RELP alzorithm does rep i rgy for
alveolar fricatives
2) CGraveness: 23 errors in 170 trials (14%) were found in pairing labial
consonants with their corresponding dental or alveoclar versions (e.g.,
"hid-did", "fought-thought”). The place of articulation information was
well conveved in the nasals (! error in 20 trials), but less well in
stops (9 errors in 90), and worst in fricatives (13 errors in 403, The
DooTr fricatlvs performance is partially due to the very difficult JE/=7/8/
discrimin o In general, these results could indicate degraded
representation of the crucial formant transitions as the vowel commences
afrer the consonant,

December 1978 : -
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£) Compactness: Pairing velar consonants with non-velars (e.g.,

“caught-taught’) ”1elé :d 8 errors in 180 trials The hetter

performance for velars than labials reflects the stronger acoustic cues
g

of velars (e.g., stronger noise bursts, longer voice-onset times, close

3
econd and third formants),

ru.

g) Miscellaneocus: 160 trials were also included in the test pairing /r/
with /n/. Despite both consonants being scnorants with low formant

=4
frequencies, there were no errors.

lgorithm at 9.5 kb/s gave an acceptable
v performance of 92,5% on initial consonant features in
iabic words, This achisvement can be compared to that of
5.4 kb/s adaptive predictive coder, ined 87%

As a result of the above analvsis of
be identified as wavs to improve int
increasing the frame rate, and exaﬂlwi
energy transmission for strident fricative

With regard to the frame rate, one must take care not to overly degrade
the spectrum as the frame rate is increased. Due to the fixed
transmission rate of 9.6 kb/s, it is necessary tc reduce the number of
bilts assigned to the LP spectral representation or those given to the
residual signal. Since the 4.8 kb/s RRELP showed only slight quality
degradation over the 9.6 kb/s cne (see below), gerhaps the bits should e
taken from the residual., Ancther possibility is to use a variable frace
rats encoding scheme, to transmit spectral information only when the
spectrum changes sufficiently,

The HEREL! corithm was 3133 used

SpoKen

averaj

of th

was ¢ t

9 sub 1te
judge ict a s

“choo th v pref d. 3 e n sho
quality of the speech, or its naturalness., Choose the sentence in each
pair that you think scunds more natural, or has the betster qualitv,
{For instance, if e coming over vour telephone sounded like this,
which would veu prefer to listsn to?)”

The RELP utterances were paired with ’og PCM utterances of the same
entence at various bit rates. Each sentence was processed by the RRELF
lgorithm at 4.8 and 9.6 kb/s, and also by a straightforward log PCM

Wi
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algorithm at rates of 24, 32, 40, and 48 kb/s (which corresponded o
3,4,5, and 6 bit log PCM at the 2000/s sampling rate). Comparing
processed speech against log PCM speech is a commenly-used procedure to
evaluate speech quality. Each pair of RRELP and log PCM sentsnces was
presented once in random order to each listener. The 10 sentences by 2
speakers provided 20 sets of 8 sentence pairs each; the pairings were
randomized within each set, but not acress sets; the sentences spoken by
the female were presented before those of the male.

The results showed the 9.5 kb/s RRELP to he as natural as 4-bit log PCM
speech, and the 4,8 kb/s speech to be midway between 3 and 4 bit log PCM
in naturalness. Specifically, in comparing 9.6 kb/s RRELP against 3,4,5,
and 6 bit log PCM, B81%,46%,19%, and 10% of the listene S, respactively,
D ed t 3%33?. Iq judging 4.8 kb/s RRELP versus the same log PCM,
6 Z 4% of the subjects, respectively, thought the RRELP more
n
nificant difference in the listeners’ performance
speaker's sex. Some RRELP sentences were judged better
wevear, Iﬁ pairing 9.6 kb/s RRELP with & bit log PCM, 2/3
judged the RRELP preferable on 3 sentences, while
PCM better in 8 other sentences. On the remaining 9

sabjects divided relatively evenly.

There was little intergsubject d

subiects. One judged the 9,6 kb,

bit log PC gas the other p

PCM, and ¢! b/s RRELF to 3

difficuley mpting tests of :

is corrup same process (such as adding simple nois

can =asil ich samples are worse than others by list

neise lev ging along a single continuous scale of &

Butr when ad to select preference between speech sam;
corrupted ent types of processing (e.g., RELP and PEI

hard to s orm of corrupticn is better. Ey taking 20

from diff kers and using 9 subjects, the sum of the

should pr average picture of the gualizv of RRELP,

The BRELP algorithm as described above was implemented in software, but
provided speech of lower quality than the RRELP did. For this reason and
because BRELP was computationally more expensive than RRELP, che RRELP
speech was exclusivelv used in the perceptual tests. The problem with
BRELP appears fo be fhag the approximation of the residual at the
decodar, based only on the receivaed bzseband, does not represent th ey
percaptual aspects of 2(n) as well as the low-passed version of a(n)
based on the full =z(a).

December 1978 17
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The birch canoce slid on the smooth planks.
the dark blue background.
the depth of a well,

a chicken leg is a rare dish.
ten served in round bowls.

£ s fine punch.
de the parked truck,
ed corn and garbage.
:dy work faced us.

ockings is hard to sell.

The 10 Sentences used in the
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3.3.4 Algorithm Complexity

section examines the complexities of the PELP and RRELP algorithams.
he major such tradecff is one of =liminating the pitch detector and
the & filtering operations needed for RRELP. Assuming the speech
processed Ls N samplcs long and the digiral filters to have M
cients or “taps”, the requirements for the RRELP are as follows:
analyzer, the predictor filter A and ensuing low-pass filter are
ded for PELP and require pN and MN multiply and add operations,
ively. (In these filtering procedures, multiplies and adds

iy occur in ﬁagrs, and sc they will be referred to henceforth

as “operations”.) In the decoder stage, the received &(a) mus
passed, double-differenced, and high-passed. T%ese require anoth
- 2N operations, 1if the number of raps in the bandpass filters
M, (The low-pass filter after the 1:5 interpclator only needs

[
er

“O Ind w

erations since .8 of the operations involve multiplies by zero.)
operztions for the differencer can be neglected in first-order
imations of complexity if M>»? 1, which was the case in rhis study
y. Similarly, there is a gain computation necessary in the

synthesizer which ta&es N operations, which can also be ignored.

the coding and decséiug of e{n) with a log PCM {or AIM:
1 1

a both PELP and REL?P st code the LP spectra
i the RELP must hagéie the extra e{n) or b(n). If a log
PCH a used, the extra operations of exponentiation and
logari are need for every sample zf af mitted,
to the multiplies normally required for uanti
sperations in the RRELP algorithm are eith common to
calculation, coding, and decoding of ay, impleme
lattice ithesizer) or are simple in com ro the
the rectifier in the decoder).
balanced against the eiimiﬁatien of a
nv pitch extraction algorithms, it
1tz to give representative figures for computation time, but, as
, consider the SIFT algorithm [4] ch is currently used in
ur system, The SIFT procedure first low-passes and downsamples the
pL: igrnal to 1 KHz, which effectively takes 4N operations with a
4-tap digital filter., This signal is then Hamming windowed {N/4
operations, because the signal has been decimated 4:1), and an
autocorrelation LP aznalysis performed. Since the signal is limited ro 1
XHz, a 4-pole model 1s sufficient, which requires on the order of 3N/4
operations. A residual signal is produced via a 4-tap inverse filter (N
operations}, and this 1s also windowed (/4 operations). The resulting
signal should have major obtrusions once per pitch pericd {(during wvoiced
speech) corresponding to the vocal cord excitation; hence an
autocorrelation is performed to find the period. This needs about 35X

December 1973 19
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e

ions {the actual number varies directly with the range

pe s expected =~ currently, the range 2.53-15.5 msec is used
Hz )} Further operations inveolve peak picking and cthresholdin
Comsgtatlﬁﬁal vy inexpensive. Thus, the total number of cperati
about 2N, but this assumes that each section of N speech samp
only once, and most applications would require at least a 2:1
frames for accurate pitch tracking, Thus a more *easosas-_ est
operations for the SIFT algorithm would be 24N, i.e., 24 multip
adds per speech sample
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f the RRELP takes 3-4 times as much *ompatagloa time
ch detector producing pitch values at 30/s, (If one

s at 100/s, as many PELP algorithms do, the ratio
.5=2.) The major computation for th& RELP lies in the low pass
filter of the analyzer and the high pass filter of the synthesizer (6
perazions}. A systematic study of the effects of reducing
i these filters from 31 taps has not been done, but the

RELP speech does detericrate with lower-order filters.
ters was chosen mainly for their frequency response
{described earlier), Lower order filters would have

on bands and lass stopband attenuation {wi:h iﬁcreased
ding the speech). If computation time is a r problem,
lrers could bhe useq, For example, Un and Magi;i [3] used
&

o the 82N operations used in the current RRELP algorithm.
i
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Informal listening tests have shown the superiority of RELP speech at 9.5
Kb/s over PELP speech bur this needs to be established formally in future
perceptual experiments. These tfests will compare RELP and PELP speech
both for undegraded input and for telephone speech.

In att the quality of the current RELP speech without
raisin e, a aumber of possibilicies p

themse 1 and Berouti [14] tried a

reconstruc dual at the receiver, which uses

or tra a e of a nonlinear operation followed by spectral
flatrening. A major drawback of this approach is that the equal spacing
of harmonics in the original residual is not preserved in the
reccnstruction; this adds a ¢ *tain amount of ringing to the speech.
Nevertheless, the basic approach has possibilities, and variations on it
nay vield improved speech.

In searching for ways to improve the RELP speech, most effor
placed on better methods to transmit and reconstruct the re u
Improvements in the coding of the spectral informaticn (i.e., t

December 1878 20



and the LP coefficients) will likely give only wmarginal improvements in
REL Informal listening tests were performed using the original
resi excite a synthesis filter specified by guantized

coe and speech quality was only very slightly degraded using
3.2 the spectral information. At 1.8 kb/s, there was some

deg the form of a slzghL warbling during low, back vowels; at
1.2 e spectral representation became sufficiently coarse to cause
a s amount of warbling during the vowels. The key point hers
is f the rransmission rate in RELP codecs is utilized to

tra esidual, and that most of the degradation cccurs in

red residual transmission rate to less than 9 kb/s. Since e

S pe mation can occupy as little as 1.5-2.0 kb/s of the tot

5.6 far the RELP codec, it appears more frultful to improve the
resi the spectral transmission.

(4
3

The problem with the RELP speech used in the simulatioms is that i
"harsh” voice quality during the vowels, sounding as if the speake
breathy voice, This can be directly attributed o the lack of acc
reconstruction of the residual. The higher frequencies in the synthe
filter are excited by a residual whose periodicity is accurate but which
otherwise has waveform discrepancies when compared to the original.

rcher research is nesded to discover which aspects of the residual must
faithfully replicated at the receiver to produce perceptually=—acceptable
eech. It is unlikely that reconstructing the full residual from any
ngle bandpass portion will yield any better results than were obtained
ing the lowpass portion, but a "sub-band” approach may have better
sults, The basic idea behind sub-band codecs [15] is that the

equency bands with higher amounts of energy (formants) are
rﬁeptuallj important than other frequency bands; thus these
the prime transmission bandwidth., If one tries oo
dwidth used for the residual transmission in the s
pproach is necessary since the perceptually crucial
v 3000 Hz range. An adaptive approach would
and filter the residual with a bandpass
the e s, transmitting perhaps a ban
first formants. At the svnthesizer
cited true residusl, while the reconstructed
zgated to the low spectral energy r;gi3?s between
ach would potentially vield better speech, at the
crude formant extractor from the LP coefficients and
riable ba ndpass filrering.

tively one could try waveform coding of the residual [16-18],
attempting %o preserve the perceptually important aspects of the
residual., Standard waveform technigues such as ADPCHM, CVSD and ADM are
not likely to be useful at rates under 9.6 kb/s in preserving the
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waveform accurately, but it may well be that cer

ival waveform do not vield much perceptual di
ing synthesized speech., Informal listenin
ifications of the residual illustrated some
exam&ie, a linearization of the residual between

t

little perceptual change.

Since the basic problem lies in the voiced regions, the effort for better
residual encoding must go there. The LP model for voiced S?SQC? suggzests

ual should approximate a train of impulses spaced at the
and indeed actual residual signals are well modeled
form excursions follwsed y

that the resic
fundamental |
by periods of large wave
oscillations., Preserving the beginning of each
the rest with a zerc waveform vielded clear, but raspy speech. Such
he residual transmission rate o below 9 k%fs.
uced ] r scunding speech than the original
ting the harsh, breathy quality; however, the

a problem on about the same perceptual level as the

“

mall irregular

riod while replacing

“m u’ *
W

approach could reduce t
Initial rlais pr @é

raspin ss prcse“gs

waveform is more accurately preserved in this new
speech waveform 1s a more accurate replica of the
the earlier RELP approach. als provides
1ent some form of waveform coding on the residual signal
may vet prove a better gﬁpras&w to residual recounstruction, and hence
r

[
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4, SUB-BAND CODING OF SPEECH

For the digital transmission of a speech signal, the signal must be
sampled and each sample quantized., If each sample is independently
guantized as in conventional pulse code modulation (PCHM), the number of
quantizer levels must be large (usuallv 256) for high quality speech
reproduction. The technique co
use of a much smaller number of quantizer levels without impairing speec
quali Inis smaller number of quantizer levels allows for a large

the transmissicn rate f i

@516@*@5 here, sub-band coding, allows the
8]

1

z
for digitally coded speech.

£ sub-band coding can be explained as follo
tiz s is large, the noise due to quanti:
te and is essentially uncorrelarted with the in
s the number of quantization levels is reduced, these
longer hold. The quantization noise 1is annoyingly corr
aput signal. Sub-band coding tries to alleviate this gr m by
titicning the input spectrum into sub~bands. Each sub-band is then
;eaéen;ly quantized (see Fig. 3). In this approach, the quantization

fb'm

[ BN
o ..3 x

a sub-band is still correlated with the signal in that sub-ba
a2 lesser degree with the signals in other su@ bands. The overal
ct when the sub-bands are combined is to reproduce speech in which
D quantization noise are very much reduced
full band coding of speech. There is additional

ing in that the number af quantization levels
ent sub-bands,
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schemes which have long histories, the form of
red here was first considered by Crochiere, Webber

coding have been evaluated at low bit rates (16
ultimate purpose of this work is to 4 rmine
i

W,
I8}
0
e B 0

technique for high quality t
a rates. The sub-band coders were simul
er. Wnile this approach does not approach real t

11 he simulation allows for system paramete
The resultant speech was then subj e::i'ely compared
using conventional PCH.

Consider the two extremes. The first would be one sub-band. This is
full band coding as practiced in PCM or differential PCM. The
transmission rate may be reduced by taking advantage of the correlation
setween time samples. However, as mentioned earlier, the problem of
signal corrslated non-white quantization noise manifests itself as the
number of quantization levels is reduced.
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The other axtreme 1s to employ a large number of narrow s

output of each sua~samd Filter represents the response at tf juenc

corresponding to its centre frequencv., This is then z form of frequency

domain coding. The quantization of these frequancy domain samples does

lead to quantfzﬁtien noise which is less offensive rceptually than full
a

band coding. However if a low overall bit rate
outpur of each sub-band must be sampled at a low
correlation between samples from a sub-~band filter 1

dom
e
¢ be achieved, the
e, Thus the time
s very low,.

The conmpromise emploved in sub-band coding is to use four or five
sub-bands of varying widths, With this number of sub-bands, adaptive
guantizers which adapt to the average short time energy in each sub—band
are practical since the sampling rate for esach sub-band is still

zeasenablv high. The width of each sub-band is chosen relative to its
per eptx portance in reproducing speech. For instance, the .
Ar ! for each sub—band could be chosen to be the same

consiﬁeratlﬂns point to narrower sub-bands at
ing considerations will also affect the exact
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Consider the problem of efficiently sampling the band-pass signal
corresponding to a sub—band of the original signal,
Let the band-pass signal be bandlimited to frequencies between fy and £y
4}, Direct sampling of this signal causes the frequency
to be repeated at the sampling rate. If no overlap of the

epetitions of the basic fregquency response 18 to cccur {no aliasing),
ampling rate should satisf

fo=2 W (£ - FYrwy s Lif - ey ol
W

5 L N T C 4
, Wwhere &d denotes the
integer not bigger than a.
{f the band-pass signal extends exactly from af /2 to (a+l)£./2
for some integer n, the signal can be sampied at a rate 2(fg-fy).
The additional constraint that the sampling rate for each sub-band be 2
sub~multiple of a higher rate will be imposed later.

Lf the frequency range
£4/2, zhé sub-band can
appropriately shifting
efficzeuzi} at the rats
che sub-hand,.
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The frequency translating arrangements are shown in Fig. 5.
The s Hilbert Transform; the second uses complex demodulation.
The equivalence of these circuits is discussed in Appendix A. If the
shift frequency f. is such that

the simpler circuit shown in Fig. & can be used In this case, only a
band-pass filter is required.
G g the sub-bands to between 0 and f;-f $

nplified arrangement of Fig. 6 for
u ., For these cases the filter in Fig. & i
or the lowest sub-—band, the requirement given by (1)

T

is then possible to shift the sub~band to between
n

i
"
3

[V

Until now, the formulation of the sub-band coder has proceeded as if the
tering and frequency translation were all analogue processes to be
lowed i ce is preferable to sample the signal

v snd modulation hecome digital

sampling f the frequency translator then becomes an
~peration to change the sampling rate. while in principle it is possible
to change t sampling rate by anv rational factor, sub-sampling is far
gasier an does not involve anv substantial compromises in the
choice of Thus the basic scheme, so far, is to digitally
filcer the £o su*‘“aﬂes and then sub—-sample the signal at the

Since the samples for each sub-band are from a sub=-sampled sequen
3 -to-sample correlation is low. Thus no henefit is to be i

5 sz 3

u
al encaéiqg sc&emes. another approach is Co use a qu
o s ja

o
1
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Where M, is a multiplication factor which depends on the quantizer

level used to quantize the previous sample. M, is larger than one

for the ocuter levels of a quantizer and lsss than one for the inner
levels of the antizer. Table 2 gives appropriate values for Mg

These values were found to be a good compromise for several speakers and
sentences.

The ratio of the largest step size to the smallest step size was ke;t at
100 to 1. The reason for limiting the minimum step size is to raduce the

time required to recover from a long quiet pericd. This ratio was found
adequate for the sentences used. The absolute range
given sub-band was determined experimentally but
roughly with the energy in each sub-band.

4.,2.0 Simulations

of step sizes for a
found to correspond

sub—-bands is influenced by several counsiderations.
will have little sample—-to-sample correlation.
adaptive quantizers used control their step-sizes in response to th
I signal level. The minimum sampling rate (that of the narrowest
sub-band} should be such that the cuantizer can follow trends in the
average signal level for that sub In addition the widths of the

£

sub~bands can at best be of the o the widths of the transition

regicns of the filters used. TFor cal filrters the transition widths
are in the order of 100 Hz., Thus rrowest sub-hand width should be
greater than 100 Hz,

Two filtering schemes were used, The first used four sub-bands; the
second used five sub-bands.,

our Sub~Bands

The four sub-bands were chosen to cover the
Hz in four bands. Each sub-band was chosen bute about 207 to
the Articulation Index [13]. The original sg ' gsampled at 10 kHz.
Sub~bands were sub-sampled from this rate. Fig. 7 shows the sub-bands
used and Table 3 gives the sub-band parameters. The overall processing
for a single sub~band is shown in Fig. 8., The filters were implemented
as finite impulse response (FIR), linear phase, filters Linear phase is
appropriate since the responses frem individual sub-bands will be summed
~ severe phase distortion at the sub-band edges is undesirable. For the
top 3 sub-bands, the range of fréquencies was translaced down to near
zero frequency. In this case FILTER 1 is a high-pass filter and FILTER 2
is a low-pass filter (see Fig. &}. Notz that reconstructing a sub—band
consists of merely reversing the procedure, That is, the quantized
samples are interpolated by first incrsasing the sampling rate and then
filtering. This is followed by frequency translation and more filtering.

range from 200-3200

Y

f

29
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 are removed fraﬁ the sysiém.

BlR~-Systems Division . ™ 32031

The reconstruction filters can be the same filters as used to generate ;
__ the samples of the sub-band. The lowest sub-band was translated up in -
_frequency before sampling, For this sub-band, FILTER | is a low-pass

filter and FILTER 2 is a high-pass filter. The whole system gives
virtually distortionless {though %aadiimitsé) Oui?ﬁg when the q&aatizers ‘

. As shown in Table 3, t&e number of quantizer levels was chosen to give an
overall transmission rate near 15 kb/s. A number of sentences spoken by
both male and female speakers were processed using the sub-band coder,
Table 4 lists the test material. The measured signal-to-noise ratio for
this material was between 1! and 13 db., Informal listening tests were
performed to compare this coder with mu-law companded PCM (mu=100). The
PCM coder was presented with the same speech material sampled at an 8 kHz
rate. At a rate near 16 kb/s, the sub-band coder was superior to 4 bit
mu=-PCY (32 kb/s, SNR=15dB), equally preferable to 5 bit mu—PCM (40 kb/s,
SNR=2]1 dB) and somewhat inferior to 6 bit mu—PCM (48 kb/s, SNR=27dB).

- The subisctive éegrééatiens in 16 kéis $&§~bané caéing are

i} ban&izmiziﬁg the eutput speech 5 &strga {2§3~32§G Hz éaaéw*ézh}

2} a %ackgzoxné hiss

33 a siisht gazgling fec: sn@etzmp@seé on speac%

The facr that the @aagzizaﬁg noise manifests itself grimaxi}y 23 a
background hiss, indicates that the sub-band coding scheme is achieving
the desired effect which is to make the quantizing noise perceptually
uncorrelated with the input signal, This effect is very noticeable when
sub-band coding is compared to mu-PCM, The mu~PCY has an annoving ‘
quantization-noise/signal interaction at low bit rates. This also ‘
_accounts for the sub-band coder %aing preferad even whan zts SNR is worse
thﬁ% that for @L“?w;; ; , - ; -

4, 2;:. Five Sa%*%amis

Ap-alternate sub~-band coder using 5 sub-bands was also evaluated., In
this coder, the sub~bands were chosen to have their band sdges at
muitiples of half the sampling rate. Thus direct sampling of the ,

. sub-bands was possible, obviating the need for frequency translation.

The computational load of the filtering is reduced since the filter ,
 output need only be calculated at the sub-sampled rate (see Fig. 9). The
 filter order was halved compared to the previous design by using a 255
_ tap FIR band-pass filter instead of separate low-pass-—high-pass fziters.
These factors pointed to an easier img%a&entatiea but siigﬁgly peorer
Vf;lter rasgeases; .

5ﬁeaa§bérmi§?3
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: FREGUENCY TRANSLATION SAMPLING Qﬁé%@izgﬁ
= SUB=BAND RANGE FREQUENCY RATE BITS kEELQQK?E STEP BIZE
Hz Hz Hz
_ 1 1372782 1113 1250 3 1.0
2 648-1362 668 . 1478 3 0.8
3 1248-2081 1248 L 1887 2 . 0.25
4 1985-3235 1985 2500 2 0.2

TOTAL BATE = 16.4 kb/s

Table 3 = Four Band Coder

December 1878 32




o
b3
womek
£
: B
b &
ih
. o
i % m,
roo 0
€A 9
Jon TRCARY W b
L ; 9
- o
s )
a2 ! @
g 2 L @
g ~ | Bt
be .ﬁg L o Mw
. o g : 8 ,
, HEe 8 o
E o | L6 )
Sy o
: e N i
ey , i Jod
} )
& :
R Al 4
ad!”} As”%w o
b &S ;
Bog v
% o E
¥ 3
o - %.w
; 5 A ok
.ﬁ A7 48 ra o
et !
. h
Mm pd
" . ; . 1 . = :
. ‘ - - go- -0 05 8
5 o1 0 0l- 02 05~ ok 05~ 08 0 ,, :
dd
14 e w& g
7 a0 - 3001 71duy ;
5
s}
4 I
m & ¥
. W *




ot uopapysusay Aousnbaay Bursg aspo) pueg-qng - g aanfig
g
o
X A s c\ G5 P
£ ; : COWwFY Idacrys)
YA u%x.m 2lved  Pruadnve
27 go2 ) AcyaIN!
Ivore . o e
azlondlervorad ; i WAL ™NL o T vl
o
iz =
wzlliicrvdl (v ‘
(orceipanvel wold | |
dFdo2N7 , 27 o2
e M%w , ‘
HY e , , R ; ;
vivd I vE dng , %&zuﬁ
= Ly ) , ; x /v:AvA / HAFE
.m o WR2nyne — O 0 walad : w2l Indmi
s ; :
2 0
£03 Mww
b ' -
: }
2
o 8
. o
& 2




BNR-Systems Division

[,
0

3%

3. 0Oak is strong and also gives shade.

Each sentence was spoken by a male

December 1978

4, Cats and dogs each

[

The pipe began to rust while new.

hate the othsr.

nces

L4

. Thieves who rob friends deserve jail,

and a fzmale speaker.
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E

Due to the restriction that sub-bands lie between mulziples of half the
sampling rate and that the sampling rates themselves be sub-m ltiples of
the original sampling rate, it was not possible to overlap the higher
sub~bands. The overall esponse shows small dips at the transitions
between sub-bands {(sse Fig 103. In order to place the sub-bands at a
more advantageous *3ﬂat:on wi-” respect to the speech spectrum, the

sampling rate of the original speech was increased to 10.67 kHz (2/3 X 16
k?z}, Thue the input speech material was recorded at 16 kHz,
interpolated by a factor of 2, subsampled by a factor of 3 before being
applied to the sub-band coder.

For this sub—band coder, at a rate near 16 kb/s, rhe SNR was measursd to
be around |3 dB, an average increase of a marginal | dB over the 4 band
coder. Subjectively, the quality of both coders was very similar.

~f the coder is of interest since it demonstrat®s th
ations possible The greatest semautat;ﬁna? ‘ead in :ub ~band
is the filtering operaslon. If the filters are implemented using
-coupled-device (CCD) technology, the remai?¢n§ ywm;utaSLQQS are
handled. CCD transversal flggers are now commercially available
ormars. It is expected that in the near futurse CCD
al filrers could be employed in practical sub—band coders.

4.3.0 Coding at 9.6 Kb/s

To reach lower bit rates, either the bandwidth of the svstem or the
aunber of bits available to a sub—band must De decreased.

S aumber of bits allocated to each sub~band results in
o degrades rapidly as the number of bits is reducad.
Croc opted for also reducing the bandwidth of the system
by introducing gaps between the cub-bands. For instance at 9.6 X khis,
their sub-band coder had a 100 Hz gap near 1 kHz an d a 320 Hz gap near
1700 Hz. The justification given Is that there is a trade—off between
the echo ezfec” thus inrroduced and the quantization noise that would
otharwise be introducad by the overly coarse gquantizers. The use of
spectral gaps has Deen avoided here because a svs? em emploving 2aps
cannot sven crudelv reproduce tones in those frequency ranges.

reliminary work on sub-band coding at 9,6 kb/s has used the &4 sub=—band
arrangement of Fig. 7 with bir assignments of 2,2,1,1 for the sub-bands
for an overall rate just below 9.6 kb/s. The -31t coders for the upper
ub~bands emploved CV3D (continuously variable slope delta modulation).
In CVSD the step size of a l-bit differential quantizer is increased 1if
love overload 1is probable (as indicated by 3 output terms of the same
ign). If slope overiocad is not indicated the step size decays to a
minimum value.

W s B

e s}
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SUB-BAND
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<o

-1067

1067-2133

2133-32C0

Table 5 = Five

SAMPLING RATE

Hz

356

593

1067

2133

2133

Band

38

2
Lt
[
[

QUANTIZER RELATIVE
BITS STEP SIZE

4 0.6

4 1.0

3 0,25

2 0,07

2 0.02

Total Rate = 15.5 kb/s

Coder

Lt
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The coarser quantizers lead to degraded performance even though the
speech is very intelligible. The measured SNR is % to 7 dB. The
Sbﬁgv»@;ve impairments are that the quantization noise 1s now somewhat

signal correlated and that the "gargling” effects are amplified. Th
overall quality was judged to be slightly inferior to 32 kb/s mu~PCM. It
is expected that the quality of sub-band coding at 3.6 kb/s can be

further improved.

4,4,0 TFuture Work

[

e work to da has produced a good quality robust coder at rates near
T s th

s
a threshold effect that causes a rapid deterioration

poie

te
]
-
[#44

[

ity as the rate is pushed below this level Several techniques
ng evaluated which should help produce %etter quality speech at
s, They are as follows:

WD R
)
[t
oo

1) Improved 1 bit quantizers. The adaptive quantizer stratagy given
earlier fails for l-bit quantizers since there is no inherenc
over-range or under-range information in a single [ bit zample.

a
Yet | bit quantizers are necessary for some of the low energy
sub~bands. The dvnamic action of these quantizers should be
helped 3y incorporating over-range or under-range information
from adjacent sub-—bands,.

2) Some of the deleterious effects of leaving 2aps between
be lessened bv allowing the energy in the gaps to al
i his way tones in the gaps will be re
ifferent frequency.

December 1978 40



BNR-Systems Division ™ 32031
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Appendix A - Freguencv Translati

lows, First form its

1y
O

ot
ot

Any real signal a(t) can be represented as
pre-envelop

Coaty=ae) + 38,

where 2(t) is the Hilbert transform of a{(t).

Define the complex envelope of a(t) as ac{g}:s a{"(t} e v
jw_t

t) e Mt y.

sentation of an arbitrary real signal {1

ncy £. and a complex envelope a®{(t). If alt) is

{ is low pass. Fig. A-1 illustrates the frequency

ps between a(t) and its pre-envelope and complex envelope.

frequencies can be posed as finding
o “

quency translated version of a{t).

ly suggest 5 the
nged by using po
two circuits in
fs iow*ng ecua;ltbas are satisfied,

(

(t) cos{wo - w )t - a(t) sin(w W )t
ate n
an

o

c
t-filtering in

L)

bt ¢
- OG

.

e

[

L

®

2 wda
oW
11

[

h;i )= gp cos wt -+ §9(t}3;?§ “i hZ{tjz

+
«

in Fiz. A-2 can be transformed
nch of this circuir can be

=y
3
i
P
[a)
N
%

b{t) from a{t) is suggssted

0!
The signals Re {30{3} and Im (aaig}} can be derived from a(t) by using
complex demcdulation as shown in Fig, A-5. In this implemertation the
Hilbert Transform filter of Fig. A-2 is replaced by a pair of
modulators and a pair of low-pass filters.
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a/t) — A(f) OBIGIVAL BICIUAL

a(l)— A7 (/)
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Figure A-2 -~ Frequency Translation Circuit
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