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Abstract— We investigate the effect on voice quality of per- proposed method is similar to the quality obtained in defaul
ceptual pre-weighting of the input speech to a codec, and post- gperation of the AMR standard codec, with the potential for

inverse weighting the output of the codec. The G.726 adaptive ; ; ity i
differential pulse code modulation (ADPCM) codec and the AMR reducing computational complexity in the codebook seatch a

narrowband (AMR-NB) code excited linear prediction (CELP) the COSt,Of a small |.ncrease n blF-rat_e of 1.35 kbps.

codec are employed in our experiments. The weighting function ~ Adaptive pre-filtering and post-filtering have been emptbye
used has the same form as that of the perceptual weighting in lossless audio coding [3], where a psycho-acoustic model
function for the analysis-by-synthesis codebook search in AMR- s used as a basis for evaluating a set of LP coefficients that

NB. We observe a significant improvement in voice quality at . i ; ;
rates of 16 and 24 kbps in the case of G.726 when perceptual are used in the pre-filter, and are transmitted to the receive

weighting is used. When we use pre-weighting with the AMR for pOSt'f'lte”n_g' Relative to the_ pe(ceptual .aUd'o COM(E),
codec, the unweighted squared error is used within the analysis- PSychoacoustic pre- and post-filtering is said to providearc
by-synthesis codebook search loop, and we find that the quality of improvement for speech [4]. Another method that uses a
the pre-weighted approach is comparable to the quality achieved pre-processor based on a psychoacoustic model for removing

by the standard AMR codec. The proposed pre-weighting method o ceptual irrelevancy, defined as components of the speech
requires an additional bit-rate of 1.35 kbps to communicate the

linear prediction (LP) coefficients of the original speech input to input tha_t ca_nnot be detec_ted by .the.ear, has been Pmp_osed
the decoder. and studied in [5]. The main contribution of our work lies in
investigating the use of a pre-filter and post-filter basedhen
l. INTRODUCTION perceptual weighting function to add perceptual weightimg

waveform-following speech coders and to move the percéptua

Perceptual weighting in the analysis-by-synthesis codeboyqignting outside the analysis-by-synthesis codebookckea
search is a common feature of CELP-based coders and RS CELP speech coders

vides an improved quality relative to using mean squarererro The paper is organized as follows. In Section II, we demon-

.(MSE) alone, through shaping of the error spectrum SO thé‘ﬂ'ate how pre-weighting and post-inverse weighting acse
itis masked by the speech spectrum envelope. The Or'g'ns‘a%erceptual weighting of the error. In Sections Il and 1V,

the function and form of the perceptual weighting filter Cake describe the implementation and results for the proposed

be tra_ced bac_k t_o the noise spectral shaping technique usepn'bthod used along with the G.726 and AMR narrowband
adaptive predictive coders [1], [2]. speech coders respectively.

In this paper, we propose and investigate an alternative

method that involves pre-weighting the input speech beitore Il. PRE-WEIGHTING PRINCIPLE

is processed through the codec, and then post-inverse tweigh, Al il ]
ing at the decoder. In our proposed model, we use the percep+ wo »|  Encoder > Decoder R ——
tual weighting filter as the pre-processor, and the invefse o

the perceptual weighting filter as the post-processor. Vidgsh , , o

that this implementation results in a perceptual weightihg rr:\?ééé_wilgm%agram for proposed method using pre-weightind post-
the end-to-end error envelope that can be effective in keepi ) ) o
the error spectrum below that of the input speech spectrymconsider the system block diagram shown in Fig. 1. In the
across the frequency band of interest. The proposed metﬁ'&':l're’f[”] is the input speech[n] is the pre-we|gt1ted.speech
was integrated with the G.726 and the AMR-NB codecs. IPUL Z[n] is the pre-weighted speech output aéjd] is the

the case of G.726, the proposed method offers a significé}’ﬂtpm speech after. post-inverse weighting. From the block
improvement in voice quality with a small increase in bitrat diagram, we can write

In the case of AMR-NB, the voice quality obtained using the S(z).W(z) = X(z) (1)
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Let e[n] = z[n] — &[n] denote the coding error for the pre-and without including a much more complicated codebook
weighted speech. Therefore, in the z-domain search loop.
X(2) = X(2) = E(2) (3) A Determination of LP coefficents for each sub-frame
Substituting Eq. (1) and Eg. (2) in Eq. (3) The process for obtaining the LP coefficients for each frame
W (2)[S(z) g(z)] = B(2) @) ©or subframe follows the procedure in the AMR-NB standard
[7] for rates excluding 12.2 kbps. In the AMR-NB codec, LP
Thus, we see that through the use of pre-weighting and poatralysis is performed once per speech frame (160 samples),
inverse weighting, we can achieve a perceptual shapingeof {sing the autocorrelation method with 30 ms asymmetric
error envelope. The question we address now is whether thdgdows and a look-ahead of 5 ms. The asymmetric win-
perceptual weighting is effective in improving the ratest&y dow consists of a half Hamming window for the first part,
quality performance of a straightforward waveform coderhsu while the second part is a quarter cosine function cycle. The
as G.726 ADPCM, and whether this pre-weighting and posoefficients of thel0'” order LP filter are obtained from the
inverse weighting can be as effective in code-excited lingutocorrelation values using the Levinson-Durbin aldnit
predictive coders as having perceptual weighting inside tithe LP coefficients are then converted to LSP coefficients and
analysis-by-synthesis loop. are quantized and interpolated for each subframe.
1. PRE-WEIGHTING FORG.726 ADPCM We .explore both frame—based_ ar_1d subframe—basgd_ pre-
] weighting. In frame-based pre-weighting, the LSP coeffitse
The G.726 ADPCM speech codec [6] is a waveform codgsy the frame are converted back into LP coefficients and
that converts a 64 kbps A-law @rlaw pulse code modulated are used to obtain the pre-weighting function in Eq. (5).
(PCM) waveform to a 40, 32, 24 or 16 kbps bit stream g} gyp-frame based pre-weighting, the set of quantized LSP
the encoder and reconstructs the speech at the deCOderpa'Pameters determined for the frame are used for 4tfie

obtain the 64 kbps input for G.726, the input file is firsgyp_frame, while those for the first three sub-frames are
passed through the G.711 codec. Similarly, the output of thgerpolated as follows [7]:

G.726 decoder is passed through the G.711 decoder to obtain

PCM speech. Within the G.726 encoder, the input A-law/ @™ = 0.75¢" 1 + 0.254{™

law encoded speech is first converted into uniform quantized (n) _ g a(n—1) (n) 6
speech, before being passed into the adaptive differgnilaé 42" =054, +0.54 )
code modulation encoder. Similarly, at the receiver, the26. @™ =0.25¢" Y +0.754.™

decoder is comprised of the ADPCM decoder and a umforvn\}]ereqh G, s, andd, are the quantized LSP vectors for each

PCM-to-A-lawl.-law converter. In Fig. 2, the processing dongy s '\ hrames that comprise a frame, and the superscript

by the blocks within the dashed region is referred to as the . :
default operation of the G.726. n_denotes the current frame. The quantized and interpolated

LSP vectors are then converted back to LP coefficients, and

filter

pre-weighting, converted back to LP coefficients and engxoy
in the post-inverse weighting filter. The LSP vector for each
be——— - | 20 ms frame are quantized using 27 bits. This translates to an

Fig. 2. Block diagram for G.726 processing with pre-weigbtand post- additional coding rate requirement of 1.35 kbps.
inverse-weighting

In the proposed pre-weighting scheme, we use a Pig- gyperimental Results
weighting filter and a post-inverse weighting filter, as show
in Fig. 2. The input speech is pre-weighted before it is pdisse A comparison of frame-based and subframe-based pre-
into the G.726 codec. The G.726 processed speech is pad¥gihting reveals that the PESQ-MOS values for both frame-
through the inverse of the weighting filter. The pre-weigpti based and subframe-based processing are close. Howeser, pr

filter used has the form of the perceptual weighting filterduseveighting on a frame basis results in the presence of vértica
in the AMR codec, and is expressed as striations in the spectrogram of the pre-weighted spedwtt, t
A(z/31) are not observed when the pre-weighting is done on a sub-
! (5) frame basis. One of the reasons for using interpolated LP
A(z/72) coefficients for each subframe in the case of speech coders
where~; and~, have values 0.94 and 0.6 respectively. This to smooth out the transients that are caused due to changes
post inverse weighting filter has the fortf W (z). Note that in LP coefficients from frame to frame [8]. This is one possibl
this process adds a perceptual weighting capability to tle&planation for the striations observed in the case of tlee pr
existing G.726 codec without modifying the standard codeeeighted speech when the processing is done on a frame basis.

[Fmmm - 1 are used in determining the pre-weighting filter. For thetpos
Grpeese inverse weighting filter, only the quantized LSP coefficgent
i | — ope  for a frame need to be transmitted to the decoder. They can
e 6728 G2 o i weaig - then be interpolated at the decoder in case of subframeatbase
I
|

Pre-weighting n
Filter encoder Ba encoder decoder decoder

W(z) =



Therefore, in our experiments, subframe-based processing
adopted.

For our experiments, we used a narrowband speech file of
duration 96 seconds comprised of 6 pairs of male sentences
and 6 pairs of female sentences. PESQ-MOS [9] and informal
listening tests were used to evaluate the quality of the pro-
cessed speech files. In evaluating the PESQ-MOS, the speech
file was split into 8 second long files, and the PESQ-MOS
value was evaluated for each file. The average PESQ-MOS
values were then computed over the 12 pairs of speech files.

TABLE |
AVERAGE PESQ-MOSVALUES FORG.726 ADPCMFOR DEFAULT AND
PREWEIGHTED OPERATION

16 kbps | 24 kbps | 32 kbps | 40 kbps
Default 2.87 3.41 3.78 3.98
Pre-weighted 3.40 3.75 3.97 4.10

The term default condition is used to indicate G.726 with-
out pre-weighting, and we observe, from Table I, that pre-
weighting results in an improvement in PESQ-MOS values _ _
for each rate supported by G.726. The improvement in PES{S: & Shectogran o s porion of e nput speech s speech
MOS values increases with a decrease in rates, ranging from
a MOS increase of 0.12 at the maximum supported rate € 24 and 16 kbps rates is significantly greater than thetinpu
40 kbps, to an increase of 0.53 at the lowest rate of 16 kbg§eech spectrum in several frequency bands. However, ¢he pr
Further, the PESQ-MOS for the pre-weighted case is clo$€ighting and post-inverse weighting results in a shapihg o
to the PESQ-MOS under the default operation for the nebie error envelope that corresponds well with the input sipee

higher rate. In listening to the processed speech files, e penvelope, with the error spectrum falling below that of the
input speech across the full band. The result is a noticeable

improvement of the reconstructed speech as indicated by the

¢) Pre-weighted processing (16 kbps)

108 ‘ ‘ ‘ T : PESQ-MOS values in Table 1.

100} Error 26 Kb def N _Fi_gure 4 contains the spectrograms for a section of the
Error 16 kbps pre-weight original speech and processed speech for default and pre-

95} Error 24 kbps pre-weight|

weighted codecs corresponding to the 16 kbps encoding rate.
From the figure, the granular distortions in the reconsguict
speech for the default codec are clearly evident in the spect
gram. The proposed pre-weighting scheme has a much cleaner
looking spectrogram due to including perceptual weighting
that is not part of the G.726 standard codec. As we move

, toward higher rates, the spectrograms for default proegssi
S : ~ have increasingly fewer artifacts, and at a rate of 40 kbps,

©
=)
T

855

Magnitude (dB)

80

7514

70

o0 1000 1500 2000 2500 3000 3590 4000 the spectrograms for the default and pre-weighted speech ar
| | ; Frequency (Hz)d g - Sim"ar_
Fig. 3. Spectral envelopes for input and processed speecB.#26 rates L. .
16 ans 24 kbps, for default and pre-weighted processing It is important to note here that only 27 bits per every

weighted case corresponding to the rate of 16 kbps sour?cps ms frame are needed to send the LP coefficients to the

relatively coarser compared to default 24 kbps coded spee _eiver folr post-inverse d\évgightilng in thf pre—wketight?deca
while being significantly better than default 16 kbps decbde MS tr.ans ates to an additiona rgte.(.) 1'35 ps for pre-
ghting. Thus we see that a significant improvement in

speech. The pre-weighted speech corresponding to a rate619 ) . o
24 kbps has a mild coarseness relative to default operationoI ality can b? att_ame_d at the_ cost of a small increase iatbitr
32 kbps. The pre-weighted speech corresponding to the r en pre-weighting is used in G.726 ADPCM.

of 32 kbps sounds mildly coarser in 4 sentences out of a total
of 24 sentences, relative to default processing at 40 kbps.

Figure 3 shows the spectral envelopes for a sample maléThe narrowband AMR codec [7] is based on the CELP

voiced frame of input speech and the error for the defaukk casiethod, and encodes speech at 8 different bit rates, ranging
and the pre-weighted operation, for rates 16 and 24 kbpsaFrérom 4.75 kbps to 12.2 kbps. The coder operates on speech
the figure, we see that the default case error spectrum fbr bétames of size 20 ms (160 samples). In CELP speech synthesis,

IV. PRE-WEIGHTING FOR THEAMR-NB CODEC



two excitation vectors, one each from the fixed and adaptive |,

codebooks respectively, are added and synthesized thr@ugh e
th . . . . . 05k T rror 4.75 kbps def_ U
10" order LP synthesis filter. The optimal excitation vectors L Enora7s ESEE pro-weight

from the codebook are chosen at the encoder based o
minimizing a perceptually weighted distortion criteriofhe
perceptual weighting filter is given by Eg. (5). The value of
~1 is 0.9 for 10.2 kbps and 12.2 kbps, and 0.94 for all other
modes.

The proposed pre-weighting and post-inverse weighting for
the AMR-NB is the same as that used in Sec. Il in that the
input to the codec is passed through a pre-weighting filter 75
that has the same form as the perceptual weighting filter, anc

Magnitude (dB)
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the decoded output of the codec is passed through an invers 0 500 1000 1500 2000 2500 3000 3500 4000

. . . .. . : F (H
We|ght|ng filter. Addmona”y, for the pre-We|ghted Cag'da’e Fig. 5. Spectral envelopes for Ele’lqﬁflr{qéné) processed speedhM&-NB for

perceptual weighting conducted as a part of CELP codebo®i@t® of 475 kbps for default, pre-weighting, and no-weigh

search in the encoder is disabled, and mean squared efi@jault cases is quite remarkable. Both the default and pre-
(MSE) is used as the criterion to be minimized for choosingeighted cases have PESQ-MOS values that are better than the
the excitation codevector. Since our objective is to ewaluan0-weighting case, with a difference of about 0.13 in MOS. We
and compare the performance of perceptual weighting, tAeserve that the difference in terms of PESQ-MOS and even
standard post-filtering operation is disabled in each osehein terms of quality based on informal listening tests, bemwe
schemes. For the same reason as for the G.726 mentioft&l pre-weighted operation and the no-weighting case is not
earlier, the pre-Weighting is conducted on a sub-framesbastS significant as in the case of G.726. This may be attributed
For comparison, we also investigate the case where théethe observation that in CELP, even when no weighting is
is no pre-weighting and MSE is used instead of perceptud#ed, there is an inherent shaping of the error envelope that
weighting in the CELP codebook search. This is referred tgughly follows the speech envelope [2], as seen in Figure 5.

as the ‘no-weighting’ case. However, even thought the shaping does generally follow the
input speech spectrum, the error envelope for MSE (without
A. Experimental Results any weighting) rises above the speech envelope for a freguen

The speech file used and PESQ -MOS evaluation proced{@%ge_ of 1700 FO 2600 Hz, a_nd hence, this shaping is not
are as described in Section IIl. Two modes of the AMR cod&&icient to achieve good quality speech.

were used for our experiments: 4.75 kbps and 7.95 kbps

These modes represent the highest and lowest rates amor 2

those available in the AMR that employya value of 0.94 in
the perceptual weighting filter. Further, the lower rate af54
kbps tends to highlight the improvement due to perceptul pr
weighting, just as in the G.726 experiments described in the
previous section.

a) Original
TABLE Il

AVERAGE PESQ-MOSVALUES FORAMR-NB FOR DEFAULT, NO
WEIGHTING AND PREWEIGHTING/POSTFINVERSE WEIGHTING

Default 3.38
AMR-NB 4.75 kbps | Pre-weighted | 3.38
No weighting | 3.24 ’
Default 3.83 b) Default
AMR-NB 7.95 kbps | Pre-weighted | 3.82
No weighting | 3.7
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The average PESQ-MOS values for processing under de
fault, pre-weighted and no-weighting operation are shown i
Table II. For both the 4.75 kbps and the 7.95 kbps cases, th
PESQ-MOS values for pre-weighted operation are very close o Pre-weighted
to the PE_SQ'MOS for the default opergtlon. On listening, th—?g. 6. Spectrogram for a portion of input and processeddpesing default
speech files for the default and pre-weighted cases are fouRd pre-weighted processing respectively for AMR-NB ab&Bps
to be perceptually similar. Given that the AMR-NB codec is In analyzing the LP envelope plots for the default and pre-
optimized for processing original speech, and not pre-iteidy weighted cases in Figure 5, we observe instances where one of
speech, this closeness in performance for the pre-weigitéd them performs better than the other. In the spectral eneslop



for a sample frame of voiced female speech in Figure 5, wvtleis possibility, we calculate the prediction gain for theep
observe that the error envelope for the default case touchesighted speech and for the original speech as a function of
the input speech envelope between 1500-2000 Hz. Betwegwrdiction order as shown in Figure. 7. The prediction gain i
2500-3000 Hz, we also see the error envelope for the paareraged over 50 frames of male and female voiced speech.
weighted speech touching the speech envelope. Thus, is termWe see that the prediction gain for the original speech
of this particular speech frame, a clear preference between increases by about 6 dB when the predictor order is increased
standard AMR codec with perceptual weighting and the AMRom 1 to 10, with a maximum prediction gain of 10.2 dB for
codec using squared error with pre-weighting is not evidenthe 10th order predictor. For the same increase in predictio

In analyzing the spectrograms for the pre-weighted amntr, the prediction gain for the pre-weighted speech imaga
default codecs over many speech segments, we observe blyabnly about 2 dB and the 10th order predictor achieves a
for most of the speech file used, the spectrograms are simitaaximum prediction gain of under 4.5 dB. This suggests that
for the pre-weighted and default cases, with instances wheavings in bit-rate and in complexity may be possible for the
either one of the default or pre-weighted case does betpge-weighted operation by using a lower-order predictar fo
than the other. For example, in the spectrogram for tlilee pre-weighted speech within the codec.
AMRNB 4.75 kbps processgd female speech in Figure 6, 'Fhe V. CONCLUSION
spectrograms for the pre-weighted speech are better argani o ) o
and retain more spectral content relative to the defaule,cas The pre-welghtlng and pos_t-lnver_se _V\_/elghtl_ng method pro-
for frequency range 1500-2500 Hz, and sample range 1560885€d in this paper results in a significant improvement in
157000. Whereas comparing the default and pre-weightégc€ quality for ADPCM coded narrowband speech with a
spectrograms within the sample range of 161000-163000, anga!l increase in bit rate of 1.35 kbps. Alternately, for the
a frequency range of 2000-3000Hz, we find that the defadme voice quality, the proposed method results in a remtucti

case has clearer pitch harmonics relative to the pre-\/\mighfn bit-rate of 6.65 kbps for ea(_:h rate of the G.726 codec
case. above 16 kbps. When used with the AMR-NB codec, the

proposed method achieves the same quality as the AMR-NB
B. Prediction Gain evaluation for Pre-weighted Speech  default decoding without employing perceptual weighting i
The use of pre-weighting for the AMR-NB eliminates théhe analysis—by-synthesis codebook search loop. The Pﬁ“’PO
need for weighting within the analysis-by-synthesis (Ab ethod comes with the gdvantagg of reducgd °,°mP“ta“°”a'
loop in the CELP encoding process. Since the AbS lo mplexity, since weighting and inverse-weighting is don_e
is executed multiple times during the codeword search fgPIY Once per speech subframe, compared to CELP coding
each subframe, the proposed method results in a saving™fj€"® the perceptual weighting is performed multiple times
computational complexity. Since the LP coefficients usad fgvlthln the AbS Iqop in determining the excnatl.on codevesto
pre-weighting and the LP coefficients used in encoding tlll:é”ther_' pre-weighting reduces the correlation between th
pre-weighted speech are different, the pre-weighting mbths'gmfll input to the c_odec, and may_allow for a lower order
requires that the speech LP coefficients be communicatedPf§dictor to be used in the codec. This advantage comes at the

the receiver. This requires an additional bit-rate of 1.Bpg COSt of an additional bit-rate requirement of 1.35 kbps,althi
is necessary for sending the parameters needed for pastav

1 weighting at the decoder.
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