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1 Introduction

The new 3GPP voice and audio codec Enhanced Voice Service (EVS) (3GPP TS 26.441, version 13.0.0) will be used in future 4G networks. In consequence, it should be stable for as many input signals as possible and as shift invariant as possible.

In this contribution, it is shown that encoding and decoding with the latest fixed-point reference C code (3GPP TS 26.442, version 13.0.0) under certain circumstances generates severe artefacts/distortions for an input signal. Furthermore, very small shifts of the input signal change these artefacts completely.

This issue was identified as saturations in the BASOP encoder, which could happen when forcing the encoder to NB modes with bitrates 5.9 kbps, 16.4 kpbs, or 24.4 kpbs and feeding not narrowband filtered audio-content with 16..48 kHz input sampling-rate in the encoder. A solution to this issue is proposed in 26.442 CR 0012 (Release 12) and 26.442 CR 0013 (Release 13).

2 Setup

A filtered 48 kHz version of the first sentence of the first British English male speaker of the sample sentences of (ITU-T Rec. P.501, 2012) is used as root input signal:
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Fig. 1: Input speech sequence for the tests

This root input signal is shifted by <shift> samples (at sample rate 48 kHz) to generated the actual input files of the encoder.

For encoding and decoding, the original Windows binaries are used which are delivered as part of (3GPP TS 26.442, version 13.0.0) and executed with the following command line:
EVS_cod.exe -max_band NB -dtx <rate> 48 p501_be_male1a_filt-<shift>.pcm bitstream.bit
EVS_dec.exe 48 bitstream.bit p501_be_male1a_filt-<shift>-nb-<rate>-dtx.pcm
3 Observed artefacts/distortions

In the following, the artefacts/distortions which are observed with narrowband coding at bitrates 5.9 kbps, 16.4 kbps, and 24.4 kbps are presented exemplarily for shifts by 729 and 730 samples (15.19 ms to 15.21 ms) relative to the root input signal.

3.1 Bitrate 5.9 kbps

Shift 729: distortions at 1.5s
Shift 730: instability between 1.45s and 1.7s
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Bitrate 16.4 kbps

Shift 729: instability between 1.55s and 1.7s
Shift 730: click at 0.58s
[image: image4.emf]p501_be_male1a_filt-729-nb-16400-dtx


U/V





-1


-0.75


-0.5


-0.25


0


0.25


0.5


0.75


1


t/s


0


0.5


1


1.5


2


2.5




p501_be_male1a_filt-729-nb-16400-dtxU/V



-1 -0.75 -0.5 -0.25 0 0.25 0.5 0.75 1

t/s 0 0.5 1 1.5 2 2.5


[image: image5.emf]p501_be_male1a_filt-730-nb-16400-dtx


U/V





-1


-0.75


-0.5


-0.25


0


0.25


0.5


0.75


1


t/s


0


0.5


1


1.5


2


2.5




p501_be_male1a_filt-730-nb-16400-dtxU/V



-1 -0.75 -0.5 -0.25 0 0.25 0.5 0.75 1

t/s 0 0.5 1 1.5 2 2.5


Bitrate 24.4 kbps

The error pattern observed for 24.4 kbps are very similar to the ones observed at 16.4 kbps.

4 Analysis and Proposed Solution

The issue was identified by HEAD acoustics and then analyzed by the EVS consortium with the following finding: 
In case the encoder is fed with content with a sampling-rate higher than 8 kHz and forced at the same time to NB only, a 4 kHz LP filter is applied as part of the resampling process when generating the 12.8 kHz signal (internal ACELP sampling rate for all NB operating-points). If there are however strong tonal components close to the cut-off frequency, the signal components above 4 kHz might not be attenuated completely. 
Further on, it was found that for such scenarios the NB coding modes might exhibit a relatively high quantization error, and the reserved headroom for generating the synthesis signal might not be sufficient. This can lead to saturations when calculating the synthesis signal within the encoder. Since this synthesis signal is used for the adaptive codebook, the error might get propagated to the following frames and cause issues especially for high-energy frames. The reason why this phenomenon can only be observed for specific operating-points is due to the usage of adaptive codebooks and the maximum amplitude after quantization, which differs across operating-points.
A solution to this problem is proposed 26.442 CR 0012 (Release 12) and 26.442 CR 0013 (Release 13): The headroom for the synthesis-signal is increased accordingly for critical scenarios, so that no saturations occur anymore:
diff -rwBu 26442-c50/c-code/lib_enc/pre_proc_fx.c 26442-c60/c-code/lib_enc/pre_proc_fx.c

--- 26442-c50/c-code/lib_enc/pre_proc_fx.c
2016-01-17 17:32:32.000000000 +0100

+++ 26442-c60/c-code/lib_enc/pre_proc_fx.c
2016-01-17 17:38:14.000000000 +0100

@@ -113,6 +113,7 @@

     Word16 freqTable[2] = {20, 40};

     Word16 sp_aud_decision0;

     Word16 last_core_orig;

+    Word16 headroom;

     /*------------------------------------------------------------------*

      * Initializations

@@ -205,8 +206,18 @@

     /* rf_mode: first time Q_new is computed here inside Preemph_scaled() for primary copy

                 these are the same memories used in partial frame assembly as well */

+    headroom = 1;

+    move16();

+    test();

+    test();

+    /* reserve an extra bit of headroom in case of NB coding and if there is a chance of energy above 4 kHz */

+    /* st->bwidth_fx refers to the coded bandwidth of the previous frame */

+    if( ((sub(st->bwidth_fx, NB) == 0) || (sub(st->max_bwidth_fx, NB) == 0)) && (L_sub(st->input_Fs_fx, 8000) > 0) )

+    {

+        headroom = add(headroom, 1);

+    }

     Preemph_scaled( new_inp_12k8, Q_new, &st->mem_preemph_fx, st->Q_max,

-                    PREEMPH_FAC, 0, 1, L_Q_MEM, L_FRAME, st->last_coder_type_fx, 1 );

+                    PREEMPH_FAC, 0, headroom, L_Q_MEM, L_FRAME, st->last_coder_type_fx, 1 );

     Q_exp = sub(*Q_new, st->Q_old);

     st->prev_Q_old=st->Q_old;

The following graphs show exemplarily the output of the codec for 5.9 kbps after applying the correction:

Shift 729: instability between 1.55s and 1.7s
    Shift 730: click at 0. 58s
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It was also clarified that
· The issue does not occur when feeding 8 kHz sampled input into the BAOSP encoder

· The issue does not occur when feeding 16..48 kHz sampled input to the BASOP encoder and the BASOP encoder is not forced to NB: In these cases the integrated bandwidth detector decides for critical signals to WB, where not issues could be found
· The BASOP decoder is not affected

· The floating-point encoder/decoder is not affected

5 Conclusions

In this contribution a problem due to saturations in the EVS BASOP encoder was identified. The problem is unveiled when forcing the encoder to NB, and at the same time feeding the encoder with not NB filtered input-material at high input sampling-rate. It was further clarified that the BASOP encoder is not affected when feeding 8 kHz input material to the encoder or when the encoder is not forced to NB. 
In order to listen to the effects, three audio examples (original [p501_be_male1a_filt-730], coded version with artifacts [p501_be_male1a_filt-730-nb-5900-dtx], coded version incl. correction [p501_be_male1a_filt-730-nb-5900-dtx_corrected]) are included.
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HEAD acoustics reported the found issue to the EVS consortium; a solution to the problem (saturation) will be proposed in 26.442 CR 0012 (Release 12) and 26.442 CR 0013 (Release 13). It is proposed to incorporate the correction as part of the CRs on 26.442 into the next version of 26.442 (Release 12, 13).
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