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ABSTRACT 

A uew techu ique is pr~seuted which improves the 
su bjecti ve qua lity of baud- lin1 ited speech. The ap­
proach is ba~ed ou a liuear tuudel of sp~ech produc­
tio u, iu which we iudepeudeut ly est iruate the sp~ctra l 

envelope a ud exc itation fuuct iou for a broad- bandwidt h 
speech sigua l to recou:,truct tui:>:> iug frequency cornpo­
ue nts in na rrow-baudwidth ~peec h. 

1. I N T ROD UCTION 

To sa\e on frequenc)' ~pectruru in public switched tele­
phon)' , onl)' the 111inillluru a uwunt of s ignal bandwidth 
neces~r)' to pre>.en e inte lligibility of speech is trans­
mitted . Heco\ ering llJi:.:>ing frequency components at 
the receiver in1prove:, the :.obj ective speech quality and 
is of a :.ignificant comlllercia l inte rest. T ypically, tele­
phone speech is liu1 ited to frequency components in the 
:WO-:i:IOOUz ra nge . tn the ideal case we would like to 
recover the COIIl ponents between :i.:ikHz and 8kHz, as 
well as the CO!il p oueut~ iu th~ low 0-:iOOHz frequency 
baud from a Sc:Hll ple of te lephone sp e~ch. 

Nyqu ist t heory stC:I tes thC:It th~ satupliug rate p laces 
a fuuda1il enta lli mit ou the frequeuc i~s that can be re­
covered for a rbit ra ry s iguals. However, speech is pro­
duced by a well defi ued phy~ica l systelll. Consequent ly, 
the higher a ud lower spectral c01upouents which are 
missing in the telephone speech have a direct relation 
to the s pect ra l C0111 po uent:> a lready present. We cur­
rent!)' do not under:>tand thi~ relation well enough to of­
fer an anal)' tic :>Olution to the recover) problem. How­
e\ er , we pre\ iou:>l)' denwnstrated that by t aking ad­
\antage of the correlat ion between low and high fre­
quent)' component in the short-term power spectrum 
of speech fron1 a given :,peaker, high frequency reco\ ­
ery appear:. to be viable [1]. tn that study, a n attempt 
was m ade to predict each frequency component in the 
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4-Hkl:t z range b)' 111apping ti111e trajectories of the cubic­
root compre ed hort-ter111 power spectrum of a 4kHz 
band-limited :.peech ignal. tn this work we attempt 
to predic t only the :.pectral envelope of the short- term 
:.pectrum and derive the :.pectra l fine s tructure from 
the available :.peech. 

2. APPROAC H 

With the current tecllllique we attempt to recover high 
freq ueucy COlli poueut :> up to 8kHz, from a. 4kHz low­
pass fi ltered s l)eech s ignC:I l. We a lso try to recover the 
low frequency ba ud frou1 :iOO-:i:iOOHz band- pass fi ltered 
speec h. lu the following d i::,cussion, we will first de­
scribe the techu ique u~ed to r~cover the high frequency 
ba ud, a ud later we will point out the changes in the 
syst en1 ueeded to accotu p lish the low band reconstr uc­
t ion. The principle under which ou r t echnique works is 
to produce a :,ynthetic :>igual derived fron1 the narrow­
band speech , containing C:lll e:>tirua te of the missing fre­
quent) component:.. 

Thi:. current work i:. ba:.ed upon the linear model of 
:.peech product ion , i.e . the S)' nthe tic :>ignal is produced 
b)' independent !)' esti1uating its spectra l envelope and 
its spect ral ·fine :. tructure . tn this way, the dimension­
a lity of the 111a pping i:. ::. ignificautly reduced compared 
to earlie r technique:, [1],[:?] . Additiona lly, the excita­
tion signals for generat ing the fine spectra l st ructure 

ZTE EXHIDIT 1026 Page 1 of 4



could be derived using techniques adopted from cur-rent residual-excited and stochastic codebook-excitedspeech coding. The synthetic speech signal is properlymixed with the narrow-band speech sample to producethe reconstructed speech.3. HIGH FREQUENCY RECOVERYThe broad-band spectral envelope is predicted from atime window of the spectral envelope of the availablenarrow-band speech. This broad-band envelope covers0-8kHz and is used to estimate the frequency compo-nents in the 4-8kHz high frequency band. With thegiven predicted envelope, we proceed to design an all-pole synthesis �lter. The excitation function for this�lter is derived from the narrow-band speech sample.Short-term analysis of a narrow-band speech sig-nal s(n1) is done by taking 25ms time windows witha 10ms frame rate (n1 corresponds to 8kHz samplingrate). An all-pole model [Ppi=0 ai(k)z�i]�1 is derivedfor each frame k,using the autocorrelation method. Weare currently using an 8th order model for the 8kHzsampled signal. This model is then used for the spec-tral envelope prediction, and in the process of estimat-ing the excitation signal.As illustrated in �gure 1, an all-pole synthesis �lterHk(z) is derived from the predicted spectral envelopeand is excited by a proper excitation e(n2) (n2 corre-sponds to 16kHz sampling rate). During synthesis, en-ergy matching between the original signal and the syn-thetic signal is accomplished by scaling the excitationin a similar way as described in [3]. The resulting syn-thetic signal ŝ(n2) is �ltered and mixed properly withs(n1) to produce the recovered broad-band speech.3.1. Envelope PredictionThe envelope prediction is done by �ltering time trajec-tories of LPC-cepstral coe�cients of the narrow-bandsignal s(n1) through a multidimensional �lter designedon training data. The short-term power spectrum ofspeech is modeled by an all-pole system at each analy-sis frame. During training this can be performed for thenarrow-band speech s(n1) and the desired broad-bandspeech sd(n2). For sd(n2) we generally use a higherorder model (currently 16th order) than the order ofa(k).Cepstral coe�cients for the two sets of autoregres-sive coe�cients are computed and the time trajectoriesof these coe�cients are then used to design a bank ofmulti-input single-output �lters. Each �lter of the bankis designed to map a time window of the 8 coe�cienttrajectories from s(n1) to a particular coe�cient cor-

responding to the current frame of sd(n2). Thus, N(N=16) such �lters constitute the �lter bank.Let Ci(k) (i=1,2,..,p) be the ith cepstral coe�cientof a(k). The output of each �lter is the following:Ĉdr (k) = pXi=1 MXl=�MWi;r(l)Ci(k � l); (1)where Ĉdr (k) is the estimate of the rth cepstral co-e�cient corresponding to the envelope of sd(n2) (r =1,2,..,N and k corresponds to a 10 ms step). FIR �l-ter coe�cients Wi;r are found such that Ĉdr is the leastsquares estimate of the original Cdr . The current designuses a 100ms time window (i.e. M = 5).3.2. Excitation SignalUsing available informationabout the �ne spectral struc-ture in s(n1), we can derive an excitation function e(n2)to drive the synthesis �lter Hk(z).The excitation e(n2) for the high frequency bandreconstruction is generated by up-sampling by two andwhitening the residual signal r(n1) at each frame [4].The residual results from �ltering s(n1) with the in-verse �lter whose impulse response is given by a(k).The spectral folding operation on r(n1) does not gen-erate a signal with a regular harmonic structure duringvoiced frames because the fold occurs at the Nyquistfrequency regardless of the last harmonic frequency po-sition, however no adverse e�ects were heard. Frameswith high energy in the high frequency band are gen-erally fricatives and the �ne structure has little or noharmonic structure at all.We tried other techniques for higher harmonics re-generation (see also [4]), but the method describedabove has given the best results to date.3.3. Recovered broad-band speech synthesisThe synthetic signal produced by driving the synthesis�lter Hk(z) with the excitation e(n2) is mixed withs(n1) in the following way: The narrow-band signals(n1) is up-sampled by two and �ltered by the low passsection of a quadrature mirror �lter. The syntheticsignal ŝ(n2) is �ltered by the high-pass section of themirror. Both �ltered signals are added and the result isa full bandwidth (0-8kHz) signal at a 16kHz samplingrate. 4. LOW FREQUENCY RECOVERYFor the envelope prediction, we train the multidimen-sional �lter in the same way described above. The dif-ference is the order of the all-pole model used. Now
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Figure 2: SzJectr-ogrmns showing (a) or-iginal speech fol­
lo·u; ed by {b) the 1W1TOw-b(md ·ver-sion and (c) 1·econ­
st1"acted segment after- pr-ocessing. 

sa(n2 ) is a.n HkHz samp led speech signa.! (n2 = nt) and 
s(n t) is a. band-pass filtered (:iOO-:i:iOOHz, telephone­
like) signa.!. Both models used a re of the Hth order 
(p=N=H in (1)). 

!''or the low frequency band excitation, the problem 
lies in trying to regenerate the fundamental frequency 
(and possibly the first few harmonics) in the residual 
1'(nt) of voiced segments. We tried severa l methods 
to solve this problem. As it is often done in tele­
phone speech pitch tracking a lgorithms, a. non- linear 
distortion can be a pplied to the residual. Although 
this technique is successful in re- introducing the lower 
frequencies, the resulting synthetic speech has a. harsh 
sound. Finding the pitch (a. difficult problem in itself) 
and generating a periodic pulse train as excitation a lso 
resulted in an unnatural sound. 

However, we have observed that the excitation sig­
nal, obtained in a. C:t:LP coder from the band- limited 
speech sample, contains low frequency components not 
present in the input signal. Thus, this excitation signa l 
is used to provide excitation at the low frequencies. 

!''or the coding method mentioned a bove, we used 
a. stochastic codebook with :112 vectors, an adaptive 
codebook (see [fi]) which a llowed for pitch lags from 
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t'igure :i: 01·iginal (dar-k line) ·vs. pr-edicted (dashed 
line) envelopes fo1' th e high fTeq·aency band. 

40 to 140 sam ples (no fractions), and a gain term for 
each codebook. All optimum parameters a re calculated 
twice per frame. Since this operation is to be done 
at the receiver end, the parameters obtained a re not 
quantized. 

The synt betic signa l generated in this case is only 
low-pass filtered at :i OO Hz and added to s(n t) . The re­
sult is a.n HkHz samp led signal, band limited to il.ilk Hz 
that contains the recovered low frequencies. 

5 . RES ULTS 

We a re current ly experimenting with single speaker 
databases. R esults a re evaluated on sentences outside 
the training set but within the same speaker. 

The results achieved so far for the high frequency 
reconstruction a re illust rated in figure ~. which shows 
spectrograms for origina l and reconstructed signa ls. In 
the high frequencies, we clearly see the re-occurrence of 
high energies in frica.ti ves. For unvoiced frames, an over 
or under-estim ation of the envelope slop e did not result 
in perceivable a rtifacts. However for voiced frames the 
over-estim ation of the spectral envelop e s lop e at high 
frequencies might be harmful. In figure :i, we show typ­
ica l examples com pa ring the predicted and the original 
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t 'igure 4: ?ower spect1'um of original, ba.nd-pass fil­
t ered, and reco nstn1 cted speech (Only the 0-Jl.:liz fre ­
q·aency band is shown). 'Fypical 1·esult for a ·voiced 
fnune 

envelopes for the high f1·equency band for unvoiced and 
voiced frames. We can see that the higher formant po­
sitions and bandwidths a re not a lways accurately pre­
dicted, though the s lope and overa ll shape of the spec­
tral envelopes a re consistently well app roximated. 

For the low frequency recovery, the re- introduction 
of the fundamental frequency and first harmonics is 
observed in voiced frames. In figure 4, we show the 
power spectrum of one voiced frame of the origina l, 
band- pass filtered and reconst ructed signa ls. O nly the 
frequency band from 0 to 1 kHz is shown to illust rate 
the reconst ruction of low frequencies. 

The technique brings a clear difference in speech 
quality for both cases. Apa rt from minor artifacts, the 
reconstructed speech is quite close to the origina l high 
quality speech. The derived mappings a pp ear to be 
speaker dependent, i.e. the reasonable recovery is pos­
sible only within a given speaker. However, further 
work is necessary to d raw definitive conclusions. 

6 . DISCUSSIO N 

Naturally, we were curious a bout what were the main 
reasons for the improved quality of the enhanced speech. 
In our experiments, we typically have availa ble a.) the 
original envelope, b) the residual of the high qua.lity 
speech, c) the predicted envelopes and d) the estimated 
residuals derived from the narrow- band and band- pass 
filtered samp les. This a llows us to generate a set of test 
speech signals which a re produced by using different 
com binations of original values and estimated values. 

Ou r genera l conclusion from these informa l listen-

 

ing tests is: t 'o r the low frequency reconstruction, the 
recovery oft he fundamental and lower harmonics of the 
fine spect ra l structure was more imp ortant than hav­
ing an accurate envelope shape. For the recovery of 
high frequencies, the excitation used made a lmost no 
diffe rence, as long as the spectral envelop e shape was 
simila r to the origina l. 

The two steps taken towards the enhancement of 
telephone speech have been successful: a broad- band 
0-RkHz speech s ig nal has been obtained from a 0-4k.Hz 
narrow- band speech signa l, and the low frequency band 
from a :iOO-:i:iOOHz band-pass filtered speech signa l has 
been app roximately reconstructed. However, in order 
two build a system that will simultaneously recover 
high and low frequencies from a telephone speech sig­
nal, we still need to find a reasonable mapping between 
the band- limited (:iOO-:i:iOOHz) speech to the higher fre­
quencies. So far, the mapping obta ined for this case has 
been inaccurate and over estim ation of the spectra l en­
velope s lopes has caused severe a rtifacts. 

7 . CONCL USI ON 

The enhancement of telephone speech by recovery of 
missing frequencies a ppears to be via ble, and promis­
ing results have been obtained. The proposed new 
technique is relatively simple to implement and futu re 
improvements a re still under invest igation. Although 
no formal tests have been performed, informa l listen­
ings indicate that the subj ective quality of narrow- band 
speech is enhanced by the system . 
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