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ABSTRACT ization relies on accurate pitch pulse position detection at the trans-

. . . itions, which can be difficult.
This paper presents a hybrid coder with a new phase model to syn- In this paper a new phase model for the harmonic coder, Syn-

chronize harmonic and waveform coded segments, with a target bitchronized Waveform matched Phase Model (SWPM) is presen-

rate Of.4 kbps. The _coder ."’“?O employs anew teqhnique based %Med, which preserves both time synchrony and waveform shape
analysis by synthesis to distinguish between stationary and transy,onveen the original and synthesized speech. SWPM does not al-

itional s_egments. Harr_nc_mic excitatic_)n is synch_ronized with the ter the perceptual quality of the harmonically synthesized speech,
LPC residual by transmitting the location of the pitch pulse closest and allows ACELP mode to target the original speech waveform
to the frame boundary and a phase value that represents the ShaRﬁithout changing the frame boundaries.

of the corresponding pitch pulse. The performance of this phase
model and the classification technique is evaluated using a hybrid
coder. The coder has three modes: scaled white noise excitation 2. HARMONIC EXCITATION WITH SWPM

colored by LPC for unvoiced, ACELP for transitions, and har- N .
monic excitation for stationary segments. Subjective listening tests >WPM _mamtalns time synchr_ony betwe_en the original _and the
show that the coder produces good quality speech and the sWitch_synthesnzed speech by transmlttlng the Pitch Pulse Location (PPL)
ing between the modes is transparent. clogegt to each synth(_eS|_s frame boundary. SWF_’M _also preserves
sufficient waveform similarity, such that the switching between
the coding modes is imperceptible, by transmitting a phase value,
1. INTRODUCTION which indicates the Pitch Pulse Shape (PPS) of the quoreting

. ) . _ pitch pulse. SWPM needs to detect only the pitch pulses in the sta-
Parametric vocoders based on harmonic and white noise excitationary voiced segments, which is somewhat easier than detecting
tion produce highly intelligible speech at bit rates as low as 2.4 the pitch pulses in the transitions as in [5].
kbps [1]. But as the bit rate increases their performance is not SWPM has the disadvantage of transmitting two extra para-
asymptotic towards toll quality. This is due to the inadequacy of meters, PPL and PPS, but the bottleneck of the bit allocation of
the harmonic and noise model used by the vocoders, especially ahybrid coders is usually in the waveform coding mode. Further-
the transitions, e.g. onsets, offsets and plosives. On the other hanghore, in stationary voiced segments the location of the pitch pulses
waveform coders like ACELP [2] encode the target speech wave- can be predicted with high accuracy, and only an error needs to be

form direCtly and perform better at the transitions. But at low bit transmitted. The same argumen’[ applies to the shape of the p|tch
rates, waveform coders fail to synthesize stationary segments withp|ses.

adequate quality, because they try to encode even the perceptually
unimportant phase information.

Many authors have suggested a hybrid approach to overcom
the limitations of a single model, with variations in speech classi- First, all of the possible pitch pulse locations are determined by
fication, coding methods used and synchronization techniques [3],considering the localized energy of the LPC residual. Then the
[4], [5]. Both [3] and [4] use a similar method to ensure signal locations, which form a possible pitch contour are selected recurs-
continuity, where the linear phase deviation between the harmon-ively, and a pitch pulse grid is constructed using the pitch period.
ically synthesized and original speech is measured and the originalFinally, the candidate integer pulse positian ) closest to the syn-
speech buffer is displaced, such that the waveform coder beginsthesis frame boundary is selected.
exactly where the harmonic coder has ended. This method needs Figure 1 depicts a complete pitch cycle of the LPC residual,
resetting of the accumulated displacement during unvoiced or si-which includes a selected pitch pulse and the positive half of the
lent segments, and may fail to meet the specifications of a systemwrapped phase spectrum obtained from its DFT. The pulse loc-
with strict delay requirements. ation, no, is taken as the time origin of the DFT, and the phase

In [5] signal continuity is preserved by transmitting “align-  spectrum indicates that most of the harmonic phases are close to
ment phase” for MELP [6] encoded frames, and use of “zero phasean average value. This average phase value varies with the shape
equalization” for transitional frames. Zero phase equalization may of the pitch pulse, hence we call it Pitch Pulse Shape (PPS). In
reduce the benefits of the use of waveform coding by modifying the absence of a strong pitch pulse the phase spectrum becomes
the phase spectrum, and it has been reported that the phase speandom. The proposed method employs an analysis by synthesis
trum is perceptually important [7]. Furthermore, zero phase equal- technique in the time domain to estimate PPS, targeting 9 samples

ez.l. Estimation of Location and Shape of the Pitch Pulses
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where
pj(n) =pu(j + 8n) (4)

where—8 < j < 8,—4 < n < 4, r(n) is the LPC residual,
andny is the integer pitch pulse location. Figure 1(b) depicts the
selected synthesized pulse in the analysis by synthesis process for
the pulse shown in Figure 1(a), and Figure 1(d), the straight line
across the phase spectrum shows the selected PPS.

2.2. Synthesis using the Generalized Cubic Phase Interpola-
tion

In the synthesis, harmonic amplitudes are interpolated linearly and
phases are interpolated cubically, i.e. quadratic interpolation of the
frequencies [8]. In [8] phases are interpolated for the frequencies
and phases available at the frame boundaries. But in our case the
frequencies are available at the frame boundaries and the phases
at the pitch pulse locations. Therefore, we use a generalized cu-
bic phase interpolation formula, to incorporate PPL and PPS as
follows:

0(n) = O + wrn + an® + Bn® (5)

where0 < n < N, N is samples per framé), andwy, are the
phase and frequency at the beginning of the framespectively,

Fig. 1. An lllustration of PPS (a) A complete pitch cycle of the  angq andg are given by,
LPC residual, (b) Pitch pulse synthesized using PPS to represent

the pulse in (a), (c) Positive half of the phase spectrum obtained

from the DFT of the pitch cycle in (a), (d) Estimated PPS
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in the vicinity of the detected pitch pulse. A synthetic pulse is \yheret, is fractional pitch pulse location (PPLgs, is PPS es-
generated in an eight times up-sampled domain, i.e. 64 kHz astimated att,, and M is the nearest integer tg wherez is given

follows:

K

pu(ny) = Z ay, cos(kwuny + a;) (1)
k=1

where—40 < n, < 40, w, = 27 /8T, T is the pitch periodK is
the number of harmonicgy, are the harmonic amplitudes, ang
is the expected PPS given by,

o = 2mi/32 @)

where0 < i < 32.

by,

W1 — Wk t2
T=g- (ak — By + wrto + %) (7)
The initial phased;, for the next frame i9(N), and the above

computations should be repeated for each harmonic.

3. ENCODER OVERVIEW

A block diagram of the encoder is presented in Figure 2. The en-
coder transmits excitation parameters for one of the three modes:
harmonic, ACELP, or white noise excitation. LPC parameters are
common for all the modes, are estimated every 20 ms, and inter-
polated every 5 ms in the synthesis process. An initial classifica-

Then (3) is used to compute the normalized cross-correlation tion is made based on the tracked energy, low band to high band

for alliand j, and the indexes corresponding to the maxinRyn

energy ratio and zero crossing rate, which decides to use either the

are chosen as the estimated PPS and the fractional pulse positionoise excitation or one of the other modes. The secondary clas-
respectively. Fractional pulse position is important if the pitch sification based on analysis by synthesis decides to use either the

pulse is close or at the synthesis frame boundary.

harmonic excitation or ACELP.
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Fig. 2. Block Diagram of the Hybrid Encoder
Fig. 4. Synthesized Speech and Classification (a) Original speech,

LPC Input Speech (b) Synthesized speech, N: White noise excitation, A: ACELP, H:
Harmonic i i Harmonic excitation with SWPM
Parameters Harmonic LPC Analysis by
—»  Synthesis »  Synthesis »  Synthess —»

Using SWPM Filter Classfication | L2 speech domain and the residual domain for each of the selected

pitch cycles in the synthesis frame. The pitch cycles are selec-
Fig. 3. Analysis by Synthesis Classification ted such that they cover the complete synthesis frame. The mode
decision between harmonic and ACELP modes is based on the es-
timated cross-correlation and SNR values, and is biased towards

Pitch and harmonic amplitudes are estimated every 10 ms the harmonic excitation such that any one of the four parameters is
PPL and PPS are estimated every 20 ms. In the synthesis amp’)sufficient to declare the harmonic mode, provided that the selected

litudes are linearly interpolated and pitch is updated only for every Parameter declares the harmonic mode for all the pitch cycles.

20 ms. In ACELP mode, for each sub frame of 10 ms, the adaptive ~ Harmonically synthesized speech at the decoder and speech

codebook gain and delay, sparse pulse locations and signs of twgSynthesized by the analysis by synthesis module are similar to ori-

pulses, and a common pulse gain are transmitted. glnal speech. Figure 4 depicts an original speech sample, synthes_—
In the white noise excited mode the gain estimated from the ized speech at the decoder, and the mode used for each synthesis

full band spectral energy is transmitted for every 20 ms. The frame.

complicated waveform structure of the unvoiced segments, such

as fricatives has no perceptual importance, and can be represented 5. SUBJECTIVE TEST RESULTS

by scaled white noise colored by LPC [9]. If a particular system

aIIow_s sg_fﬁcnent delay or varlab_le rate transmission th's. can lead Table 1 shows the bit allocation for different modes, the figures

to a significant overall compression, by employing a hybrid coding g o,y within brackets are estimated values and the corresponding

approach. . . . parameters are unquantized. The 2 pulses of ACELP sub frames
For simplicity, details of LPC and adaptive codebook memory e chosen each from 32 possible locations, either even or odd,

update are excluded in the block diagram. The encoder maintainseqering only the first 64 locations of a sub frame. The pulse gains

a LPC synthesis fiI_ter synchronized with the d_ecoder, and uses theof the two sub frames are normalized by a common gain, quantised
final memory locations for ACELP and analysis by synthesis clas- ;i 3 bits, and then each pulse gain is quantized with 3 bits.

sification "? the next frame. Adaptive_z C(.)debOOK memory is always Two pair wise comparative listening tests were carried out to
updated with the previous LPC excitation vector regardless of the evaluate the performance of a hybrid coder employing the new

mode. techniques. For reference, two standard coders were used: ITU

8 kbps G.729 and ITU G.723.1 at the rate of 5.3 kbps. The speech

4. ANALYSIS BY SYNTHESIS SPEECH material for the test consists of 8 sentence pairs, 4 from male and
CLASSIFICATION 4 from female talkers, filtered by modified IRS filter, and a pair of

headphones was used to conduct the test. Fifteen non-expert listen-
A block diagram of the analysis by synthesis classification pro- ers were used to assess the quality of the hybrid coder as compared
cess is shown in Figure 3. Analysis by synthesis classification against the standard coders.
module synthesizes speech using SWPM. For stationary voiced  When compared against G.723.1, there was an overwhelming
speech, SNR and cross-correlation of the original and the synthes-preference for the hybrid coder. This was due to its cleanness and
ized speech are high, but at the transitions the harmonic modelconsistence. However, when compared against G.729 the results
fails, which results in lower cross-correlation and SNR values. The were not so conclusive. In fact G.729 was slightly more preferred.
normalized cross-correlation and SNR are computed in both theThis was due to the overall fullness of G.729 and slightly more



Table 1 Bit allocation for a 20 ms frame

Parameters | Harmonic ACELP White Noise
LPC 23 23 23
Pitch (8) - - (2]
PPL (7) - -
PPS (4) - -
Amplitudes 14 + 14 - -
Gain (4+4) 3 5
LTP Delay - T+7 [3]
LTP Gain - 4+4 -
Pulse Locations - 54+5+5+5 -
Pulse Signs - 242 - 4
Pulse Gain - 3+3 - [4]
Mode 2 2 2
Total 80 80 30

(5]

metallic character of the hybrid coder. We feel that upon com- [g]
pletion of the new developments currently in progress our hybrid
coder will produce at least as good quality as G.729 at around half
the rate. These improvements include further refinement of trans- 7
itional sections as offsets, where LPC may be very resonant, ano[ ]
others where more random looking excitation is needed, and op-
timization of ACELP to match these sections better. Performance [8]
of SWPM will also be improved, employing analysis by synthesis
techniques in the speech domain, for the voiced speech segments,
where the residual pulses become less dominant, e.g. when tth]
LPC spectrum has a very strong formant.

6. CONCLUSIONS

This paper has presented a hybrid coder, which employs synchron-
ized waveform matched phase model (SWPM) in the harmonic
mode to preserve signal continuity. A new analysis by synthesis
speech classification method to distinguish stationary and trans-
itional segments based on SWPM is also presented. The coder
operates in three modes: harmonic, ACELP and white noise excit-
ation. Subjective test results have shown that the hybrid coder de-
signed produces good quality speech, better than 5.3 kbps G.723.1.
SWPM shows promising results that would achieve performance
similar to G.729, upon completion of the improvements currently
in progress.
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